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ABSTRACT 

There is much biological evidence that mechanical forces playa significant role in 

controlling normal cell growth and proliferation. This evidence has motivated many 

researchers to use scanning acoustic microscopes to study the mechanical properties of 

cells. Multiplexing techniques are used in a variety of imaging systems. This dissertation 

presents the results of the application of multiplexing concepts to acoustic microscopy. 

The introduction to this dissertation reviews evidence for the biological role of 

mechanical forces and relevant acoustic imaging techniques. This is followed by an 

introduction to multiplexing techniques that leads to the conceptual design of a 

multiplexed acoustic microscope (MAM). The results from simulating and prototyping a 

small MAM are used to perform a simulation of a large MAM. 

Data from a large MAM is either impractical to process or requires assumptions 

that produce unacceptable results. The ultimate solution requires the design of a MAM 

having a small point spread function. 



1. 1 What is an image? 

CHAPTER 1 

INTRODUCTION 

Most people have a simple concept of what comprises an image - it is just a 

picture recorded on film. Part of a formal definition might describe an image as a two-

dimensional record of irradiance, but there is much more to consider. A tremendous 

15 

variety of information such as reflectance, illumination, shape and distance is present in an 

image. This information is used in the performance of innumerable quantitative tasks 

(Ballard and Brown, 1982; Gonzalez and Wintz, 1987; Young and Fu, 1986; Slama, 1980; 

Wolf, 1983; Malacara, 1992). Extending the concept of an image to include all possible 

kinds of structural information is still far from complete, for there are many methods of 

obtaining an image. Images need not be formed only with visible light. Certainly 

electromagnetic radiation outside the visible spectrum can be used, such as x-rays, in the 

production of images. 

A medical x-ray image is typically used to evaluate morphology. (Is the bone 

broken?) Computer aided tomography (CAT) and magnetic resonance imaging (MRI) 

devices (Barrett and Swindell, 1981; Macovski, 1981) show the internal structure of an 

object. A CAT scanner produces an image of the x-ray attenuation coefficient. The output 

of an MRI device is an image of the distribution or relaxation time of a particular nuclear 

species, such as hydrogen. CAT and MRI devices produce an image by first acquiring data 

and then processing the data in a computer. This differs greatly from a camera that uses a 
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lens to form an image and film to record it. Film does require chemical processing, but this 

is different than the data-inversion process ofa CAT or MRI device. However, in all the 

above, a typical image from one of these devices shows the structure of an object or 

scene. 

Morphological information is not the only kind of information that can be 

represented in an image. For example, in nuclear medicine, devices are used that acquire 

information about the spatial distribution ofa radioisotope. If the radioisotope is used to 

label a biologically significant compound, then the result is an image of the physiological 

function of an organ or system (Barrett and Swindell, 1981). 

Images produced using acoustic energy depend upon the acoustic parameters: 

thickness, impedance, velocity, and attenuation of the object (Daft and Briggs, 1989). The 

remainder of this introduction provides background on both why and how one may 

produce such images. 

1.2 A little cell biology 

1.2.1 Forces and cells 

What influence does force have on cells? Among the earliest references is one from 

Koch in 1917. In a study of the human femur, Koch showed that the pattern of bone 

deposition corresponds to lines of tension and compression. This suggests that bone cells 

respond biochemically to force. The well known phenomenon of anchorage dependence of 

cell division (Folkman and Moscona, 1978; Alberts et al., 1989) provides further evidence 

of the influence of mechanical forces upon cells. 
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Anchorage dependence is well known to biologists, but less so to applied 

physicists. It refers to the need for a normal cell to be attached to a substrate in order to 

proliferate. This is in addition to the need for appropriate nutrients and other chemicals to 

be present. If a normal cell is placed in suspension in an otherwise suitable culture 

medium, it will not divide. However, a transformed (cancer) cell will grow when in 

suspension. This is one of the defining characteristics of cancer cells - the ability to grow 

in locations that are not appropriate for that particular kind of cell (pienta et al., 1989). 

The effect of local forces on cells can be observed in simple experiments. Normal 

cells, in a suitable culture, proliferate until a confluent or contact-inhibited monolayer is 

formed (Figure 1-1 Contact-inhibited monolayer of normal cells.) (Alberts et al., 1989). 

If a band of cells is scraped away, creating a wound in the culture, then only the first few 

rows of cells adjacent to the wound will divide (Figure 1-2). Once the wound has healed, 

all cells stop proliferating. Experiments by Folkman and Moscona (1978) provide strong 

evidence that it is not the diffusion of chemicals, but rather the ability of cells to change 

shapes that is playing a part in the regulation of cell proliferation. Additionally, the rate of 

DNA synthesis in a cell has been shown to be influenced by tension (Curtis and Seehar, 

1978). 

Suppose that a virus is added to a cell culture, transforming some of the cells to a 

cancerous state. The transformed cells will proliferate on top of one another. These cells 

have lost the control mechanism that maintains a confluent monolayer (see Figure 1-3). 

Uncontrolled cell proliferation is another of the defining characteristics of cancer cells. 
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However, it is the invasive nature of cancer cells and the subsequent disruption of normal 

tissue architecture that is much more lethal than uncontrolled growth (Stossel, 1993). 

Recent research by Bissell (Nowak, 1994) shows the importance of the extra­

cellular matrix (ECM). Tissue and organs are comprised of a combination of cells and 

ECM. Bissel grew mammary gland cells from a pregnant mouse in a medium without 

ECM molecules. The cells were unusually flat and produced no milk. Once ECM 

molecules were added, the cells differentiated and gained a more normal appearance. 

More significantly, the cells organized themselves into sacs and secreted milk. By what 

mechanism does the ECM affect the behavior and appearance of cells? 
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Figure 1-1 Contact-inhibited monolayer of normal cells. 
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Figure 1-2 Normal cell culture in which cells adjacent to wound are growing. 



Figure 1-3 Culture of normal and transformed (cancer) cells. Transformed cells 
proliferate without control. 

21 
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1.2.2 Cell architecture 

A somewhat more complete model of cell architecture is necessary to understand 

the role of the ECM. A schematic cell is shown in Figure 1-4. The major constituents of 

the cell structure are the cell membrane, nucleus, cytoplasm and cytoskeleton. 

The cytoskeleton is a dynamic structure both in form and function (Ingber and 

Folkman, 1989; Bereiter-Han et al., 1987). The cytoskeleton is comprised of three long 

polymers: microfilaments, microtubules and intermediate filaments. The polymerization 

and depolymerization of the cytoskelatal components results in changing lengths and 

positions of the elements. These changes are an integral part of cell shape changes, 

motility, intracellular transport, and force production and transduction (Ingber and 

Folkman, 1989). 

Microfilaments are long polymers that are 4-6 nm in diameter and composed partly 

of actin. Actin is also present in cells in a nonfilamentous form. Actin-myosin interactions 

in contractile microfilaments behave like muscles. This is the source of tensile forces in 

cells (Kom, 1978). 

Intermediate filaments are larger than microfilaments, with a diameter of about 10 

nm. They appear to form a continuous network within a cell. The appearance of the 

network differs between cell types. The function of the intermediate filaments is not yet 

known (Ingber and Folkman, 1989; Geiger, 1987). 
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Figure 1-4 Cell structural network. 
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Microtubules are polymers of tubulin with a diameter of 24 nm and a hollow core. 

Microscope images of the cytoskeleton are available in Bereiter-Hahn et al. (1987), and a 

sketch of microtubule cross section is in Figure 1-5. The microtubular lattice is sufficiently 

dynamic that changes are easily seen in minutes. Microtubules perform a variety of 

functions. Among these are a treadmill-like action that transports organelles within the cell 

(Allen, 1987). Others have hypothesized that the microtubules form a complex computing 

engine within each cell (Rasmussen et al., 1990). Certainly microtubules provide some of 

the mechanical structure of a cell. The cytoskeleton, comprised of microtubules and 

microfilaments, is part of an intercellular and intracellular mechanotransduction system 

(Wang et al., 1993). 

The idea of building structures of rigid, compression-resisting elements 

interconnected by tension-generating elements was first described by Buckminster Fuller 

(1975). The term tensegrity (tensile int~) was coined to describe such structures. 

Ingber and Folkman (1989) used this concept in evaluating the function of the 

cytoskeleton. 

Again, the question, by what mechanism does the ECM affect the behavior and 

appearance of cells? The key here is that cells attach to the ECM with specific structures. 

Cells also attach to each other with specific structures. All of these structures appear to be 

attached to the cell membrane at the same location as the cytoskeleton. The ECM attaches 

to the cell at receptors called integrins, which are capable of coupling forces to the 
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cytoskeleton (Heidemann, 1993; Wang et al., 1993). Mechanical forces playa significant 

role in cell appearance, function and form. 

It is quite obvious that cells are very complex biological machines. To understand 

completely how cells function it is necessary to understand the role of cell architecture. 

Transfomled cells differ from normal cells in their appearance, architecture and response 

to forces. To help in understanding cancer it is necessary to see the mechanical structure 

and measure the mechanical properties of cells. This can be accomplished by imaging cells 

using mechanical energy - acoustic waves. 



Figure 1-5 
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Cross section of microtubule. There are normally 14 protofilaments, 
although about 5% of the population has 13 or 15 filaments (Bereiter-Hahn 
et at., 1987). 
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1.3 Acoustic imaging techniques 

1.3.1 Why scanning rather than direct imaging? 

Familiar imaging devices such as cameras, microscopes, and telescopes all 

continuously form an image of the entire field of view. The immediacy of such images is a 

satisfying feature of these devices. Although the first ideas in acoustic microscopy were 

patented by Sokolov in 1936, little progress was made towards the realization of an 

acoustic microscope until the early seventies. 

Attempts were made to build an acoustic analogue of an optical microscope 

starting in the late sixties. Quate's recollections on his attempts are very illuminating 

(Quate, 1985). Two major problems were encountered. First was the design and 

fabrication of an array detector for acoustic energy. Such a device needs to control the 

phase and amplitude of the signal from each pixel due to the coherent nature of the energy 

(Quate et al., 1979). Acoustic phased arrays are very common. These are typically one-

dimensional devices comprised of a linear array or annular rings (Macovski, 1981; Barrett 

and Swindell, 1981). Macovksi refers to two-dimensional phased arrays as being beyond 

the state of the art. Arrays of 4 by 32 or 16 by 16 elements have been fabricated (Smith et 

al., 1991). The rectangular array is used to allow for some phase compensation to increase 

the scan depth in sector-scanning devices. The square arrays are used for volumetric 

scanning. Theoretical work on larger arrays for volumetric scanning has been reported by 

Turnbull and Foster (1991). The successful fabrication of two-dimensional acoustic 

imaging arrays with independent control of a large number of elements is difficult. 

Goldberg et al. (1992) are working on multilayer transducer arrays to improve their 
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sensitivity. Smith et al. (1991) are working on the complementary problem of 

interconnections. Arrays as large as 16 by 16 pixels using 16 layers have been constructed. 

This was one ofQuate's stumbling blocks and is still a problem. 

The design process for a multiple-element acoustic lens is the same as for an 

optical lens system. An acoustic lens designer may select from materials possessing a much 

broader range of velocities (indices of refraction) than an optical lens designer. A major 

obstacle to the acoustic lens design process is the anisotropic nature of many materials. 

Quate's group succeeded in designing an essentially diffraction-limited acoustic lens 

system with a finite field of view using quartz and mercury. In spite of this, the designer of 

the system, when attempting to align it ran into another problem and made the comment, 

"Sixteen surfaces, all opaque, all misaligned." (Quate, 1985). The search for a simple lens 

began. 

The search was short. The solution was to use a single spherical element of 

sapphire with water as a couplant and a source of planar acoustic waves. The velocity 

ratio, or equivalently the index of refraction, between these two materials is 7.5. This 

allows for a lens with a single refracting surface to have very little spherical aberration and 

a large numerical aperture. There is also a significant acoustic impedance mismatch 

between the two materials. As a result, an antireflection layer is required at the sapphire­

to-water interface. Figure 1-6 shows the essential elements of a scanning acoustic 

microscope (SAM). 
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How does the large ratio of velocity (index of refraction) help? Consider a planar 

wavefront originating in the high velocity material (sapphire). This wavefront arrives first 

at the vertex of the spherical surface, and then a short time later at the edge of the 

aperture. The time interval over which the wavefront arrives is smaller for a greater 

difference in velocities. Hence, the phase error over the spherical surface is inversely 

proportional to the ratio of velocities. The diffraction-limited focal spot occurs only on 

axis. Using this lens in a confocal imaging system, in conjunction with mechanical 

scanning, produces a very high resolution image. The confocal imaging system eliminates 

speckle noise since only the object point being observed is illuminated (insonified) rather 

than the entire field of view (Quate, 1985; Macovski, 1981). 

Another type of acoustic microscope was developed at about the same time by 

Korpel and Kessler (Korpel et al., 1971). This instrument is referred to as the scanning 

laser acoustic microscope (SLAM) and is shown in schematic form in Figure 1-7. 

An acoustic plane wave is incident on an object from one side. Acoustic energy 

travels through the object producing ripples on the surface of the object. A scanning laser 

spot is projected onto the surface and is then imaged onto a knife edge. A detector 

measures the light passing the knife edge. A planar surface produces a spot of light that is 

partially blocked by the knife edge producing a constant output signal. Ripples on the 

surface modulate the beam in angle resulting in variations in the signal that are coherent 

with the acoustic source. A reflective surface is required. Polished materials may be tested 

directly, or transparent samples may have a layer of water and a plastic cover slip placed 



on top. High-speed galvanometers are usually used to scan the laser beam. The device is 

normally constructed so that a video signal is output directly to a standard television. 
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Figure 1-6 Schematic of a scanning acoustic microscope. 



Laser I ~ I Beam scanner 1--. 

Imaging optics 

Cover slip 

Sample 

Stage 

Acoustic source 

'fIT/( _I,---De_t_or---l 

C ~ I Demodulator I 

\! ~ 
Display 

Figure 1-7 Schematic of a scanning laser acoustic microscope (SLAM). 
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1.3.2 Current state of acoustic microscopy 

SAM and SLAM devices are both commercially available. Leica and Olympus are 

manufacturers of SAM devices, while a SLAM is available from Sonoscan. As is often the 

case with competing technologies, ultimate achievable resolutions can be argued in favor 

of each instrument. The ultimate lateral resolution of a SAM is clearly the focal spot size. 

This is a function of the wavelength of sound in water and the numerical aperture of the 

lens. The SLAM operates by insonifying the entire region of interest and sampling the 

particle displacements with a scanning laser beam. The ultimate resolution is claimed to be 

limited by the size of the focussed spot of light (Kessler, 1985). In reality the sample 

interval is limited by the size of the focussed spot and the resolution is limited by the 

acoustic wavelength. 

Part of the difference between the two instruments is that acoustic energy in a 

SAM is coupled with a low-velocity material such as water. The wavelength of sound in 

water is typically about four to ten times less than in a solid (Kino, 1987; Auld, 1990). A 

SLAM passes the sound through the material, hence the object is probed by energy with a 

wavelength that depends on the sound velocity of the material, not the couplant. If the 

interest is in examining the mechanical properties of an object at a surface, then SAM is 

better than SLAM. However, SLAM is better suited for probing through thick samples. 

In practice, the SLAM tends to be of much greater use in industrial inspection 

where high speed is necessary. A typical industrial application for SLAM is the inspection 

ofintegrated circuits (Adams, 1993). There are very few reports ofa SLAM being used in 



biology. Ironically, the first reported acoustic microscope image of a biological sample 

was acquired by a SLAM (Korpel et al., 1971). The SAM is widely used to study 

biological specimens. See for example Daft and Briggs (l989) and Bereiter-Hahn et al. 

(l989). 
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There are several sources of contrast in an acoustic image. The four principal 

sources are thickness, acoustic impedance, velocity, and attenuation. The peak of the 

detected signal is often used as the image data in a SAM (Daft and Briggs, 1989). It is 

also possible to obtain phase information so that a complex reflection coefficient can be 

estimated. Even this does not completely characterize the sample. Much work has been 

done in the examination of the acoustic material signature (AMS) or, equivalently, V(z) 

curve (Weiglen and Wilson, 1978; Atalar et al., 1977). The V(z) curve is a plot of signal 

output as a function of the focal spot position above the object, for a single object point. 

Kundu et al. (1991) and others have been developing methods to estimate the four 

properties ofa material by analyzing the V(z) curve. The acquisition ofV(z) data adds an 

additional scanning direction, increasing data acquisition time. A possible alternative 

method to measuring these four properties requires the use of a wide-bandwidth input 

signal (impulsive input) in place of the narrow-bandwidth tone burst. The wide-bandwidth 

return signal appears to provide information similar to the V(z) curve without the need for 

vertical scanning (Daft and Briggs, 1989). 
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1.3.3 Electronic scanning and microscopy? 

"I presume that electronic scanning will come some day" (Quate, 1985). 

Mechanical scanning has enabled acoustic microscopy to become a valuable tool. Why 

consider electronic scanning? An electronic switching system should be faster than a 

mechanical scanning system. Faster data acquistion is useful, although total time to an 

image is a more significant performance criteria. Also, complex mechanical systems are 

expensive. Current prices for commercial instruments start at about $300,000. An 

electronic scanning system might reduce this cost. A simple, less expensive device would 

permit broader use and possibly open up new applications for acoustic microscopy. 

Another potential benefit may arise from electronic scanning. In a mechanically 

scanned system it is necessary to use a liquid couplant between the transducer and object. 

Electronic scanning would not require motion ofthe transducer relative to the object. 

Hence it might be possible to use a solid material to couple the acoustic energy. This is 

important since water, the most common liquid couplant, has significant losses at high 

frequencies (Kessler, 1985). Solid materials might also allow the use of transverse bulk 

acoustic waves in addition to the longitudinal acoustic waves of a SAM (due to the water 

coupling). A serious problem with electronic scanning is the construction of a two-

dimensional array with each element actively controlled in phase (Quate, 1985). 

1.3.4 Goal 

The goal of this dissertation is to design an electronically scanned acoustic 

microscope. Ideally the microscope will be simple to manufacture while capable offast, 

high resolution data acquisition. Since it is seldom possible to simplify all aspects of a 



problem, complexity in processing of the acquired data is permitted. The next chapter 

develops a conceptual design of an acoustic microscope that is electronically scanned or 

multiplexed. A model of the multiplexed acoustic microscope (MAM) is then developed 

for simulation purposes. This model is necessary for the data-inversion process of an 

actual device. Calculations, simulations and some experiments that utilize this model are 

reported. These results provide useful direction and insight for future work. 
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2.1 What is multiplexing? 

2.1.1 Multiplexing definition 

CHAPTER 2 

MAM PRELIMINARY 

Prerequisite to the development of a MAM design is a clear understanding of 

multiplexing. This is because the electronic scanning to be performed by a MAM device 

will produce multiplexed data. Multiplexing is the simultaneous transmission of multiple 
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messages over a single communication channel (Barrett and Swindell, 1981). The concept 

of multiplexing is widely applicable provided that broad definitions are used for both a 

message and communication channel. If a system is multiplexing messages, then it is 

essential for the messages to be demultiplexed prior to use. 

2.1.2 Examples 

Multiplexing of information has been performed in many ways. One of the earliest 

examples is that of time-division multiplexing in telegraphy. Here, multiple telegraph keys 

are switched onto the cable sequentially. A synchronized switch is used to demultiplex the 

messages at the other end and route the messages to mUltiple detectors. This allows 

multiple messages, each requiring a bandwidth of a few kilohertz, to be carried on a single 

cable with a bandwidth of about a megahertz. The benefit of this is a reduction in the 

number of cables that must be installed and maintained. 

Multiplexing is used in many communications and imaging applications. FM radio 

uses frequency division multiplexing to transmit a stereo audio signal. Fourier-transform 

and Hadamard transform spectrometers are other examples of multiplexing. A typical 
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spectrometer measures a single, narrow wavelength band at a time. The transform or 

multiplex spectrometers measure many components at once. This can lead to significant 

advantages in acquisition time or signal to noise (Barrett and Swindell, 1981; Harwit and 

Sloane, 1979). Acquisition time is reduced in some cases because electronic switching is 

used rather than mechanical scanning. Multiple detectors, operating simultaneously, can 

further reduce acquisition time. Alternatively, if more apertures increase the signal, but do 

not increase the noise in the detector, then an improved signal-to-noise ratio is obtained 

(Harwit and Sloane, 1979, Barrett and Swindell, 1981). 

Many multiplexed imaging systems make use of a coded aperture. This 

terminology originated from work in x-ray astronomy by Mertz and Young (1961) and 

Dicke (1968). Since all materials have an index of refraction of essentially unity for x-rays, 

it is not possible to build x-ray lenses. A different technique is required to produce an 

image of x-ray sources in the sky. In x-ray astronomy the objects may be treated as point 

sources at infinity. First, imagine that the shadow of the mask due to a single distant 

source is recorded on film. Then the coordinates of the center of the shadow and the 

shadow density are calculated. This information is used to estimate the angular position 

and strength of the source. If the mask is carefully chosen, it is possible to use this 

technique even in the presence of multiple sources. In this case the recorded data are 

multiplexed and must be inverted to obtain an image. Other examples of multiplexed and 

unmultiplexed imaging systems are shown in Figure 2-1. 



Figure 2-1 

39 

I. conventional camera II. hologram 

III. pinhole camera IV. coded aperture 

Examples of un multiplexed or direct (I & III) and multiplexed (II & IV) 
imaging systems. In the conventional and pinhole cameras each point on 
the detector receives energy from a single object point. In the multiplexed 
systems each point in the detector plane receives energy from many 
distinct, resolvable points. 
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2.1.3 Summary 

Essential to multiplexing is the decoding of a signal. Why complicate a system by 

making it necessary to invert the data? Often mUltiplexing can result in a dramatic cost 

savings. This occurs when many signals are mUltiplexed on an expensive resource, such as 

the case of a telegraph or telephone line, instead of replicating the resource. Multiplexing 

may permit the elimination of mechanical motion in a system. This is true in tomography 

where a coded-aperture system requires only a single exposure (Barrett and Swindell, 

1981). MUltiplexing may provide a gain in signal-to-noise ratio. This is definitely the case 

in spectroscopy (Harwit and Sloane, 1978) and is often true in medical radiography 

(Barrett and Swindell, 1981). A multiplexed system is not always appropriate, and its 

application must be carefully considered. 

How does one select an optimal multiplexing code? The answer to this question 

has much in common with the study of weighing designs (Harwit and Sloane, 1979). The 

origin of the name is from an interesting problem. How can the weights of several objects 

be measured with minimum variance? The answer is that the objects must be measured in 

specific combinations. The combinations depend on whether a spring balance (single-pan 

scale) or chemical balance (two-pan scale) is being used. Using a spring scale to measure a 

subset of the objects is analogous to measuring the total energy through a mask (coded 

aperture) that either transmits or blocks the energy. The chemical balance is analogous to 

a system that measures separately the total energy that is transmitted and the total energy 
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that is reflected by the mask. The topic is described very thoroughly by Harwit and Sloane 

(1979) and shown to be intimately related to Hadamard matrices. 

2.2 Multiplexing and acoustic microscopy 

What are the potential consequences of multiplexing in acoustic microscopy? In 

general, an electronic scanning system is much faster than a mechanical system. However, 

a SLAM device acquires image data directly at video rates - about 5 MHz (Korpel et al., 

1971). Certainly electronic switching ought to be able to acquire data at this rate and 

possibly exceed it. When comparing image acquisition rate rather than data acquisition 

rate, MAM may not be as fast as SLAM. This is due to the necessary demultiplexing of 

MAM data. Rapid data inversion is required for MAM to compete with SLAM. 

How does the field of view of a MAM compare with SAM? The Leica SAM 

acquires images up to 1024 by 1024 pixels with pixel sizes from 1 micron to 100 microns 

(Leica sales literature). There is no fundamental limit on the size ofa SAM image. In 

Section 2.6 it is shown that MAM also has no fundamental physical limit on the size of the 

field of view. 

A very different potential benefit to multiplexing arises from the absence of motion 

between the source, detector and object. The mechanical scanning in a SAM requires a 

liquid to couple the acoustic energy between object and transducer. If nothing is moving in 

a multiplexed system, solid materials can be used to couple the acoustic energy. Most 

solid materials have much lower acoustic losses than the liquid couplants typically used in 

a SAM. There are two major benefits to reducing acoustic losses in the couplant. First, the 
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input signal can be reduced while maintaining a constant amount of energy per unit area 

incident on the object. Second, the detected signal strength will be increased. An 

improvement in signal-to-noise ratio can be realized while simultaneously permitting lower 

input signal levels. 

The attenuation coefficient and wavelengths of water, aluminum, fused quartz and 

sapphire at 1 GHz are recorded in Figure 2-2. The very large attenuation of water results 

in the need for very small spherical lenses. In a SAM operating at 1 GHz, a focal length of 

at most 50 J-lm is required to obtain a sufficiently short path length to detect the return 

signal (Kessler, 1985). Solid materials have significantly lower attenuation coefficients 

than water. However, the velocity is higher, resulting in longer wavelengths. Attenuation 

is a strong function offrequency in a material, being inversely proportional to the square 

of the frequency (Auld, 1990; Kino, 1987). Also, in Figure 2-2, the frequency necessary 

for a wavelength of 1.48 J-lm (same as water at 1 GHz) is calculated for each material. 

Additionally, the attenuation coefficient at this frequency is calculated. Even with the 

frequency increased to obtain the same wavelength, the attenuation coefficient of water is 

much greater than that of the solid materials in the table. The lower attenuation of the 

solid materials may permit MAM to operate at higher frequencies than SAM or with a 

better signal-to-noise ratio. The design of a MAM can be optimized to take advantage of 

the lower attenuation; however the frequency of operation must be increased or lower 

resolution must be accepted. 
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Material water aluminum fused quartz sapphire units 

velocity 1480 6420 5960 11100 mls 

A=a1F 220 0.86 0.13 0.0021 I.00E-I5 
dB-sI\2/m 

Frequency 1.00 GHz 
Wavelength 1.48 6.42 5.96 11.10 microns 
ex. 2.20E-OI 8.60E-04 1.30E-04 2. IOE-06 dB/micron 

Wavelength 1.48 microns 
Frequency 1.00 4.34 4.03 7.50 GHz 
ex. 2.20E-Ol 1.62E-02 2.1IE-03 1.18E-04 dB/micron 

Figure 2-2 Comparison of wavelengths and attenuation coefficients at a frequency of 1 
GHz and a wavelength of 1.48 microns for several materials. 
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The use of a solid couplant has another potential benefit. A liquid can support only 

longitudinal modes of acoustic energy through the bulk material. However, solid materials 

support the transmission of both longitudinal and shear-mode acoustic energy. This may 

be of use in investigations of tensegrity structures in cells, which by their nature may 

support the transmission of shear energy or the conversion of longitudinal mode to shear 

mode energy. Shear-mode velocity is typically about 60% of the longitudinal mode, 

resulting in shorter wavelengths for shear modes. Unfortunately, not all solid materials are 

isotropic. Anisotropy in the mechanical properties results in mixed acoustic modes or the 

conversion oflongitudinal to shear modes (Kino, 1987; Auld, 1990). Fortunately, both 

aluminum and fused quartz are isotropic materials. Sapphire is not. Isotropic materials and 

longitudinal propagation modes are being assumed for this analysis. However, ifMAM is 

successful using longitudinal waves, the next step is to use shear waves. 

Resolution of any imaging system is normally best at the center of the field of 

view. A SAM system takes advantage of this by moving every object point of interest 

through the field of view, which is a single point. This differs from a multiplexed system in 

which image quality is a function of position in the field of view. A multiplexed system is 

similar to a standard optical system in that there is an aperture and field of nontrivial 

dimensions. The analogies between a MAM and a classical optical system are further 

described in section 2.7. 



2.3 Other scanning technologies 

2.3.1 Phased arrays 

Phased arrays are used in many, diverse applications and provide an example of 
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electronic scanning. Possibly the most common application of phased arrays is in imaging 

the human fetus (Macovksi, 1981; Barrett and Swindell, 1981). Figure 2-3 is an 

ultrasound image of a human fetus at sixteen weeks. A still-frame ultrasound image is at 

best only recognizable. However, when a dynamic display is viewed, the image is much 

more satisfying. 

The operating principle of a phased array is simple to understand. A one­

dimensional phased array for ultrasound imaging is depicted in Figure 2-4. The phased 

array is comprised of a linear set of transducer elements. Each transducer element is 

comparable in width to a wavelength of the relevant energy. Every element is connected 

to a signal source through individually controllable phase shifters, which are used to 

introduce a variable time delay of the signal. If all phase shifters are introducing the same 

delay then the output of the array is approximately a plane wave propagating normal to 

the transducer face. A tilt of the plane wave is accomplished by linearly varying the phase 

shift across the transducer array. A quadratically varying phase shift is used to focus the 

beam. In operation a tone burst of modest duration insonifies the object. The same 

phased-array is used on detection since the transducers and phase shifters are bidirectional. 

An idealized cross section of the diffracted wave field from a single transducer 

element is depicted in Figure 2-5. The wave field emanating from a rectangular transducer 

is approximately collimated in the Fresnel zone, and then diverges at a constant angle in 
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the Fraunhofer zone. In reality, the equations describing the Fresnel zone are applicable in 

the Fraunhofer zone (Goodman, 1968). The divergence angle of the wavefront in the 

Fraunhofer zone is approximately all... 

It is necessary to carefully choose the height, as well as the width, of the 

transducer elements in the array_ As the height of the elements is increased, the scan depth 

increases. This is due to the beam remaining approximately collimated normal to the plane 

of Figure 2-4. Unfortunately, the thickness ofthe sample being imaged also increases 

reducing the resolution of the output image. As a result of this, the height of the 

transducer elements in a one-dimensional phased array are chosen to optimize the 

instrument scan depth and resolution for a particular task. 

Figure 2-6 shows the relative orientations of a sector-scan and C-scan. The desired 

output ofMAM is a sector scan. A phased array device for producing a C-scan image is 

certainly possible (Kino, 1987). A two-dimensional transducer array, with independent 

control of each element, could produce the desired C-scan image. However, a large field 

would require a very large number of phase shifters. 



Figure 2-3 

47 

Example ultrasound picture of a fetus. The transducer is at the point of the 
approximately triangular region. 



Figure 2-4 
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Phased-array device. Each transducer is connected to the same source 
through a controllable phase shifter (small boxes). This allows the beam to 
be tilted (phase is linear function of transducer position) and focussed (a 
quadratic function) in one direction. Note that the scan depth is limited to 
the Fresnel zone of each element. 



Figure 2-5 
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Schematic of diffraction pattern from a circular transducer. In the 
Fraunhofer regime the pattern shape is constant and its size is proportional 
to distance. In the Fresnel zone the wavefront begins as approximately a 
plane wave. The Fraunhofer zone begins at approximately a2

/'}.., from the 
transducer. 
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Schematic diagram showing a sector scan and C-scan image locations. A 
typical ultrasonic image is a sector scan. MAM is intended to produce a C­
scan. 
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2.3.2 Hybrid phased array I 

A high-speed C-scan imaging system (Figure 2-7) has been developed by Sasaki et 

al. (l992). In this device a combination of mechanical and electrical scanning is utilized to 

obtain a two-dimensional image. A transducer with a large number of elements is used as a 

source. A contiguous subset of transducers is used to focus the energy from the phased 

array in one direction. Focusing in the second direction is from an acoustic lens. Electronic 

scanning in one direction is accomplished by shifting the subset of transducers being used. 

Scanning in the orthogonal direction is performed by a mechanical stage. Good focus is 

obtained in a plane. 



Figure 2-7 
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Hybrid phased array by Sasaki et al. (1992). A contiguous subset of 
transducer elements are operated as a typical phased array to provide 
focusing the x-direction. An acoustic lens provides focusing in the y­
direction. Electronic scanning of the object in the x-drection is 
accomplished by selecting a subset of the transducer elements. Mechanical 
scanning in the y-direction is necessary to obtain a two-dimensional image. 



2.3.3 Hybrid phased array II 

All the instruments described so far have used longitudinal mode, bulk acoustic 

waves (baw). A surface acoustic wave (saw) is a mechanical strain wave propagating 

along an interface between two media (Kino, 1987; Auld, 1990). The application of saw 

devices in signal processing is a large and expanding field. The book by Kino (1987) 
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provides a good introduction to this topic. Saw devices are so common in electronics that 

most new television sets employ a saw device as a narrow-band filter in the tuning 

circuitry. 

A scanning acoustic microscope that utilizes conversion of surface acoustic waves 

to bulk acoustic waves has been reported (Chen et al., 1985). Since the operation of the 

device depicted in Figure 2-8 is complicated, it is helpful to start by considering a 

simplified model. Assume that the electrical source generates a tone burst having a 

constant carrier frequency, which is fed to the interdigital device on the left side of Figure 

2-8. The interdigital device converts the electrical energy into a saw with a linear 

wavefront propagating to the right. For an introduction into interdigital devices see the 

book by Kino (1987). Imagine that the curved grating structure is comprised of straight 

lines normal to the propagation direction of the saw. If the period of the grating structure 

equals the wavelength of the saw, a planar baw propagating normal to the transducer face 

will be generated by scatter. A small difference between the grating period and saw 

wavelength will introduce tilt into the plane wave. A spherical lens could then focus the 
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plane wave to a point on the sample. It would be possible to scan in one direction by 

varying the frequency of the electrical input and in the orthogonal direction mechanically. 

Now, suppose that the combination ofthe electrical energy source and interdigital 

device produces a saw having a quadratic phase variation in the propagation direction. 

This saw, when scattered from a straight grating structure, produces a cylindrical 

wavefront and a line focus on the sample. The addition of a cylindrical lens converts the 

line focus to a point focus. Since the saw is propagating to the right, the point focus will 

propagate to the right at the same velocity. Lastly, the cylinder lens can be deleted if a 

curved, rather than straight, grating structure is used. An actual device with a 68 micron 

resolution at 100 MHz has been constructed. However, scanning in two directions 

requires a mechanical motion. 

2.3.4 Make it two-dimensional 

Is there a means to make these two hybrid methods perform two-dimensional 

scanning without mechanical motion? The problem that must be solved is how to aim the 

beam in a direction orthogonal to the electronic or saw scanning. In the phased-array 

device this requires a two-dimensional array for operation in a reflection mode. Such an 

array is beyond the state of the art. The saw-baw device is inherently a one-dimensional 

device. The design must account for the anisotropic nature of the materials, hence there is 

a preferred axis. In fact, Chen et al. (1985) reports that optimal performance in their 

device requires a specific direction of propagation along an axis (left or right along the x-



axis). The desire for electronic scanning in two dimensions to produce a C-scan image is 

not satisfied by either of these technologies. 
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The SAW source is an interdigital device that generates a SAW having a 
quadratic phase variation along its length in response to an electrical 
impulse. The propagating SAW scatters from the curved grating structure 
to produce a BAW. Focusing in the x-direction is accomplished by the 
quadratic phase variation from the source. Focussing in the y-direction is 
due to the curvature of the grating structure. Scanning in x is a result of the 
SAW propagation and scanning in y is accomplished mechanically (Chen et 
al., 1985). 



2.4 Basic MAM design concepts 

2.4.1 Simplest device 

57 

The desire is to design as simple a device as possible with excellent resolution and 

a large field of view. Let us assume that the field of view is square with dimensions Ofl1 by 

n pixels. The measured data can be represented by a column vector g of length fl. 

Assuming the data-acquisition system is linear, it can be represented by a matrix H and the 

object by a vector f, so that 

g=Hf. (2.1) 

Since we must invert the measured data to obtain an image, how many 

measurements should we have? A reasonable desire is to obtain one measurement per 

pixel. In this case, the matrix H would be square and the system is exactly determined. It is 

certainly possible to produce an image (estimate of f) using fewer measurements than 

points, in which case the system is underdetermined. It is preferable, in general, to operate 

upon an exactly determined system rather than one that is underdetermined. The gold 

standard is the SAM, which directly measures the object and therefore has one 

measurement per image point. Moreover, since the measurements are direct, the system 

matrix H is the identity matrix and no inversion process is required. It is also possible to 

acquire more measurements than image points. The redundant information can be useful, 

but, preference is given here to a larger field of view. Suffice it to say, that one 

measurement per image point is a reasonable goal for a total of 112 measurements. The 

matrix representation of a MAM is the subject of Chapter 3. 
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The simplest multiplexed device must be able to produce an image having ,l points 

from n2 independent measurements using 2n transducers. The motivation for this is to 

minimize the number of physical connections while maximizing the field of view. 

2.4.2 First thought 

Consider a piezoelectric transducer having a set of 11 conductors on both the top 

and bottom for a total of211 conductors (Figure 2-9). Each set of conductors is comprised 

of parallel stripes that are long and narrow. The narrow dimension of a conductor is only 

slightly less than the period between conductors and is on the order of an acoustic 

wavelength. The two sets of conductors are perpendicular to each other. This device 

could operate as a source or detector of acoustic energy. When used as a source, a 

specific combination of conductors is driven by a short burst of a sine wave (tone burst). 

The acoustic energy would reflect from the object and be detected by the same transducer, 

with a possibly different combination of conductors connected to the signal detection 

electronics. If all the lower conductors are connected to ground and all the upper 

conductors are connected together, the transducer behaves as a single transducer with a 

large collection area. 
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Figure 2-9 A piezoelectric transducer with stripe conductors on both the top (not 
shaded) and bottom (shaded). Only a portion of the conductors are shown. 
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Consider an idealization in which two conductors, perpendicular to each other are 

placed on opposite sides of a piezoelectric material. The bottom conductor is connected to 

ground and the top conductor to an oscillator. Let this transducer behave as an ideal point 

source located at the intersection of the two conductors. The two conductors can then be 

moved to produce an arbitrary location for the point source. Additionally, a large area 

detector is positioned to detect either the transmitted or reflected energy. This device 

could produce a set of 112 independent measurements for 11 different positions of each 

conductor. 

As the next step towards electronic scanning, add one conductor next to the 

existing conductor on the bottom of the piezoelectric. What happens when the single top 

conductor is connected to an oscillator? If the new conductor is grounded, a second point 

source is created. If the new conductor is connected to the source, a saw source will be 

created. When the entire set of conductors for the top and bottom are added, as in Figure 

2-11, it will be possible to generate only 211 different line sources. Driving more than one 

conductor at a time in various combinations does not increase the number of independent 

samples since the system is linear. Encoding the source using only switches and integrating 

the entire return signal (either in transmission or reflection) does not work. 
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Figure 2-10 Idealized scanning acoustic imaging device. A single point source is 

scanned by moving two conductors. The output is from a large area 
detector. 
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Figure 2-11 MAM concept using a source comprised ofn stripe conductors on the 

bottom and top and a large area detector. Coupling between the 
conductors permits only 2n independent measurements. Transducer 
substrate is shown. 



63 

2.4.3 Next thought 

It is easy to encode a transducer in one dimension. This is readily apparent from 

the number of devices that scan electronically in one direction and mechanically in another. 

Instead of trying to use the two sets of stripe conductors to encode the source, why not 

encode the source in one direction and the detector in the orthogonal direction? This is 

comparable to using two phased arrays oriented orthogonally to each other, one as a 

source and the other as a detector. The difference is that the processing of the signals is to 

be done after detection rather than in real time. To accomplish the post-processing of the 

signals to synthesize the effect of focusing, it is necessary to measure the amplitude and 

phase of the signals. This is obvious, since in a phased array both the amplitude and phase 

are controlled. Usually the amplitude is constant and only phase is varied, but, amplitude is 

still being controlled. A significant simplification in the control electronics is realized by 

using switches to select the active transducers rather than phase shifting components as in 

a phased array. This is also helpful in the quest for higher frequencies of operation. 
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Figure 2-12 Schematic MAM transmission-mode device. The source and detector are 
encoded in one-dimension, orthogonal to each other. This device is similar 
to a pair of linear phased-array devices. A fundamental difference is the use 
of simple switching elements to select the transducer elements to be used 
rather than simultaneously controlling the phase of all array elements. 
Transducer subtrate is not shown. 
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2.5 MAM design parameters 

2.5.1 Parameters of a generic MAM 

So far, it has been assumed the transducers are comprised of two sets oflong 

stripes. The origin of this assumption is the common design elements between a MAM and 

a phased array. Phased arrays are described in section 2.3.1. A major difference between 

the two devices is that a MAM will digitally synthesize the focus by forming linear 

combinations of measured values after detection. This is different from a phased array 

which uses electronics to dynamically control the phase of the signal to or from every 

transducer element. 

There are a large number of design parameters that need constraints or specific 

values. The parameters that need to be specified are (Figure 2-13): 

1. conductor (element) width - We, 
2. conductor period - pc, 
3. conductor length - Ie, 
4. number of conductors - n, 
5. distance between transducer and object - Rmin, 

6. field-of-view width and height -IF, 
7. wavelength - A, 
8. velocity of sound - c, and 
9. tone burst length - T. 

This is a sufficiently long list of parameters that careful grouping can aid 

tremendously in identifYing useful portions ofthe parameter space. The most useful unit of 

measure for specification of a generic MAM is its wavelength of operation. Certainly all of 

the physical dimensions can be specified in units of waves. Even tone-burst length, which 

is normally thought of as having units of time, can be measured in waves or number of 

cycles. 
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2.5.2 Initial constraints 

In the simulations that are described Chapter 3, it is assumed that scalar diffraction 

theory (Goodman, 1968; Gaskill 1978 ) applies. This assumes that the wave field is in 

steady state. However, if the source is on for too long, then multiple reflections will occur. 

The tone burst must be long enough to create a steady state and the signal must be 

measured before multi path interference occurs. 

Assume for the moment that the distance from the transducer plane to the object 

plane is very short - less than a wavelength. This is analogous to scanning two orthogonal 

slit apertures very close to the object and measuring the energy transmitted through an 

object. Such a system would be directly measuring the transmittance ofthe object. Clearly 

the conductors need to be long enough to span the field of view. The width of the 

conductors should be as narrow as possible to maximize resolution. 

The radius of the diffraction-limited spot size for a circular aperture is 0.611JNA 

(Hecht and Zajac, 1979), where NA is the numerical aperture. This is the best resolution 

possible according to the Rayleigh criterion. Based upon experience with classical optical 

systems, an NA of 0.5 is an aggressive, but not unreasonable, goal. This should provide a 

resolution of about A. Therefore, let the conductors be approximately A wide and as long 

as the field of view. 

To measure the amplitude and phase of a signal, it must have a duration of several 

cycles. If the distance from the transducers to the object is at most A, then multipath 

interference will occur before the signal can be measured. Therefore, it is necessary to 
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move the transducers further from the object. This increases both the time necessary to 

reach a steady state and the extent of the acoustic field on the object. Is there a location in 

the MAM parameter space that can satisfy these constraints with a useful field of view? 

2.6 Parameter space 

It is necessary to determine MAM dimensions and tone burst length that will 

produce a steady state at the detector without muItipath interference. A generic 

transmission-mode MAM is shown in Figure 2-13. A transmission-mode device is 

conceptually equivalent to an unfolded reflection-mode device. Hence, the following 

analysis is applicable to either device. 

The shortest path from transducer to object is Rmin and the longest direct path is 

(2.2) 

Rearranging the previous equation in the form 

provides a convenient form for evaluation. If the ratios of Ie, IF, and npe to Rmin are 

constant then A is also constant. This permits the scaling of a MAM design in proportion 

to R min . 
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Figure 2-13 Generic transmission MAM with labelling of all relevant features. 
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Steady state occurs at the object plane when all points in the field of view are 

receiving energy from all radiating source points. Detector output begins to rise 2Rmin / c 

after the source is turned on. If this time is called t = 0, then steady state is reached at time 

(2.4) 

Unfortunately, steady state is destroyed by multi path interference. The desired 

signal energy proceeds directly from the source to the object, and then to the detector. 

Any energy arriving at the detector along a different path interferes with the signal. The 

shortest multi path is from source to object, back to the source and then to the detector. 

Steady state is destroyed by multi path interference after a delay of 4 Rmin / c, at time 

t = 2Rmin /c. (2.5) 

The signal must be measured during steady state. Once the measurement is made, 

the tone burst can end. Therefore, the length of a tone burst must be at least 

(2.6) 

to reach steady state but need not be any greater than 

(2.7) 

The maximum portion of a tone burst available for measurement during steady state is 

Substituting for Rmax provides a constraint upon the system geometry, 

TM = 2Rmin (2- A) ~ O. 

Solving the inequality for A and expanding produces the result 

(2.8) 

(2.9) 
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(2.10) 

Can a usable design be constructed? Let the transducers and field of view be 

squares with sides oflength Rmin. In this case, A = .J3 , arid TM == Rmin /2. This is not 

necessarily an optimal design, but steady state can be reached with an arbitrarily large field 

of view. 

2.7 Analogy to an optical system 

2.7.1 Where are the elements? 

MAM is a multiplexed imaging system. The required data inversion process is 

essentially focussing in a computer rather than by actual lens elements. Since there are no 

physical lenses, where are the pupils and what is the focal length? The MAM is effectively 

an idealized thin lens system, where the lens, entrance and exit pupils are all at the 

transducer plane (Hecht and Zajac, 1979). The effective focal length of the system is Rmin, 

distance from transducer to object. The effective aperture is defined by the extent of the 

overlapping portion of the two sets of transducers. Note, that phase control in the aperture 

occurs across conductors, not along the length of the conductor. 

A thin lens has terrible aberration control. This is the reason single element optical 

systems are rarely used, the exceptions being inexpensive magnifYing glasses and 

(overpriced) spectacle lenses. How are aberrations corrected in MAM? Since the system 

matrix H synthesizes a wavefront from arbitrary combinations of individual elements, it is 

possible to correct for phase errors in the wavefront. This is done discretely for each 
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conductor subaperture. A lens is closely approximated by a pure phase filter (Goodman, 

1968; Gaskill, 1978). MAM can also modify the amplitude of the elements being 

combined, giving additional control beyond a typical lens. 

The angular size of the field of view is determined by the ratio of IF / R min . It is 

more appropriate to account for the square field of view rather than circular. In this case 

the angular extent of the field of view is 

(2.11) 

At the center of the field of view, the aperture is symmetric and the F/# is a 

minimum. The effective F/# is 

(2.12) 

where Rmin is the distance between the transducers and the object plane and llpc is the 

dimension of the aperture. 

2.7.2 Diffraction pattern for a square aperture 

What is the diffraction-limited resolution of a MAM? MAM has a square aperture 

with sides llpc and a focal length of Rmin. If are no aberrations, the resulting diffraction 

pattern (Hecht & Zajac, 1979; Gaskill, 1978) is 

I( ) - A' 2 ('1fJc X l1fJcY) x,y - SInC --,-- . 
ARmin ARmin 

(2.13) 

The resolution, according to the Rayleigh criterion, is the distance to the first zero, 
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/..R . 
d = --.!!2!!!.. = AF /# . (2.14) 

1Pc 

This estimate is appropriate for the center of the field, where the aperture is symmetric. 

How does the resolution ofMAM compare to the sample interval? In section 2.6, 

constraints upon the relative dimensions ofMAM were derived. A system in which Rmin, 

npc, IT, and IF are all equal was shown to satisfy the constraints. In this case, the F/# is 1 

and the diffraction-limited resolution is A. An actual system is likely to have a larger F/# 

and worse resolution. Away from the center of the field, the diffraction pattern will be 

larger and probably asymmetric. MAM resolution is at best A, which is also both the 

period of the transducer elements and sample interval. 

2.8 Analogy to a radiotelescope 

What if a cross of small points were used instead of the long stripes? MAM would 

look very much like a Mill's cross radiotelescope (Steinberg and Lequeux, 1963). In a 

radiotelescope a very large aperture is synthesized from a moderate number of widely 

spaced, smaller telescopes. The individual telescopes are not imaging, but are sensitive to 

plane waves over an angular extent of 

8 =').,,/d, (2.15) 

where d is the diameter of an individual telescope. By adding the signals from all 

telescopes in phase, a large, synthetic aperture is created. The relevant dimension is no 

longer the diameter of a single telescope, but, rather the maximum extent of the array of 

telescopes, D. The benefit of the arrays of telescopes is an increase in angular resolution 
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by the ratio of DId. Naturally, signal strength is only increased in proportion to the total 

collection area. 

The large synthesized aperture can be aimed by controlling the phases of the 

signals from the individual telescopes prior to summing them. It is therefore possible to 

form an image of the sky by scanning. A linear array of telescopes can also be used to 

form an image of the sky. In this case the required scanning is performed by the earth's 

rotation. 

This idea could possibly be applied to MAM. The point sources would have to be 

far away from the object plane in order to approximate a plane wave. The phase error 

between a sphere oflarge radius and a true plane wave can be specified as a fraction of a 

wavelength - A/C. Then, the phase error at the corner of the field is approximately 

(.J2/F)2 A 
s= =:;;-, and 

2Rmin C 

C/2 
'J) >_F 
"'min - A . 

(2.16) 

(2.17) 

If IF is 50 waves and C is 20, then Rmin is 50000 waves. A point source must be far 

away to appear as a plane wave source. This is a given in astronomy. The propagation 

distances in acoustics would lead to severe attenuation and a potentially bulky device. 

What if plane waves are generated and the detector was sensitive to plane waves? MAM 

certainly could approximate plane waves by the appropriate linear combinations of its 

transducers. In this case, the Fourier transform of the object could be measured. The 
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Fourier transform of a two-dimensional object decomposes the object into a sum of sines 

and cosines or, equivalently, gratings of all spacings and orientations. An incident plane 

wave would diffract off all the object gratings. The diffraction pattern would depend on 

the components present in the object. Measuring the plane-wave components present in 

the diffracted pattern would correspond to measuring the Fourier transform ofthe object. 

To actually model the MAM on a computer, a representation ofMAM must be 

developed. This has been referred to as a system matrix H. The determination of this 

matrix and methods to invert the data are the subject of the next chapter. 
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CHAPTER 3 

MAM REPRESENTATION 

3.1 A quick review 

The purpose ofMAM is to collect data that is used to produce an image of 

acoustic properties. The image is a map of either complex transmission or complex 

reflection coefficient of an object. The preceding chapter developed a fundamental design 

concept for MAM. The essential idea is to use two sets of long, but narrow stripe 

transducers, one set as sources and the other set as detectors. The distance from either 

transducer plane to object plane is comparable to the length of the transducers. 

To simulate MAM, it is necessary to develop a suitable representation or model. 

The fewer assumptions that are used to construct the model, the more accurate and 

informative the simulations. However, as is often the case, generality exacts a heavy toll. 

3.2 Continuous-continuous space representation 

A theoretical analysis of a physical system is often performed using continuous 

functions to represent both the data and object. The system is represented by an operator 

that performs a continuous-to-continuous (CC) space transformation. The output of such 

a system at a particular point in space is a linear superposition of the entire input, not just 

the input at that particular point. This can be represented by (Barrett & Swindell 1981, 

Gaskill 1978, Goodman 1968), 

C() 

w o(u) = f p(u; u')wi(u')du' . (3.1) 
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This is a one-dimensional representation, the extension to two or more dimensions 

requires the replacement of the variables u and u' by vectors of the appropriate dimension 

and integrating over each dimension. Also, it is possible to constrain the limits of 

integration if the input is known to be zero outside some range. If the input is a delta 

function, then the output is the impulse response or point spread function (PSF) 

IX) 

w~{u) = f p{u; u')o{u' - uo)du' = p{u; uo). (3.2) 

This equation is often more general than necessary. If the system is shift-invariant, 

then the impulse response is a function of the difference of its two variables and the 

equation can be written as the convolution integral 

IX) 

wo{u) = f p{u-u')wi{u')du', (3.3) 

where the impulse response is, 

(3.4) 

The eigenfunctions of a linear, shift-invariant operator are the complex 

exponentials (Gaski1l1978). This permits the calculation of the eigenvalues of the system 

via the Fourier transform, providing a substantial simplification of the analysis. In optics 

this corresponds to the calculation of the modulation transfer function (MTF) and the 

representation of an object by its spectrum or Fourier transform. 
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Typically, optical systems are assumed to be linear and shift-invariant. If this were 

strictly correct, the image of a point source in a camera would not vary with field position. 

This is not correct since the image quality in the corner of a picture is never as good as in 

the center of the field of view. Invariably, image quality varies with position. As is normal 

in the analysis ofa system, a balance between ease of computation and the accuracy of the 

model is sought. 

The CC representation is fine for evaluation by hand. It is even possible to use a 

computer to perform symbolic computations (Macsyma, Maple, Mathematica); however, 

this is seldom practical. Even if symbolic computations could be performed efficiently, a 

CC model is not representative of a finite set of discrete samples stored in computer 

memory. What is a useful way to represent a system? 

3.3 Discrete-discrete representation 

Usually both the data and object are represented by a vector, resulting in a 

discrete-discrete (DD) model. To transform a vector into another vector requires the 

operator to be represented by a matrix. The vector-matrix equation 

g=Hf+n, 

is used to represent a DD linear system and was first introduced in Section 2.4.1. The 

column vector g is the data set, the matrix H is the imaging system (transform), the 

(3.5) 

column vector f is the object and the column vector n is noise in the measurement. A two-

dimensional object may be represented by a one-dimensional vector. This is accomplished 

by simply writing the elements down a column as if they are words being read from a 
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page. Similarly, a three-dimensional object corresponds to a book, rather than a page. This 

is the same process that is used to store a multi-dimensional array in computer memory, 

which is linearly addressed. Noise will be ignored until a suitable representation and 

reconstruction algorithm are selected. 

The discrete representation of the data space is natural since a finite number of 

measurements is all that is possible. A consequence of using a DD model is the 

discretization of an essentially continuous object. The DD model permits useful images to 

be obtained; however, a continuous-discrete (CD) model of the object and data is an 

alternative. Some work has been done with a CD model. See for example Barrett et al. 

(1995) for an introduction to this topic. 

3.4 MAM system operator H 

3.4.1 Continuous-continuous operator 

The output signal ofMAM is dependent upon the particular pair of transducers 

selected and the actual object. In integral form the output signal g, for a particular source 

and detector pair (i,j) is 

(3.6) 
co 

The function ts(r;i) and to(rj) are the transducer diffraction patterns for the source 

and detector in the object plane, respectively and ftr) is the object. The diffraction patterns 

can be calculated by assuming that a plane wave propagating along the axis of the system 
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is incident upon a source aperture. Given a complex field, V(r') in the plane z = 0, the 

complex field V(r) in the plane z = Zo is the linear superposition integral (Goodman, 1968) 

V(r) = Jfh(r;r')U(r')d 2 r', (3.7) 

where 

( ) 
1 exp(jklr - r'l) Zo 

h r' r' = 
, jA Ir-r'l Ir-r'l' 

(3.8) 

This is a slightly simplified form of the Fresnel-Kirchhoff diffraction formula where 

it is assumed that the distance Ir - r'l »A . It is an expression of the Huygens-Fresnel 

principle, which states that the field VCr) is due to an infinity of fictitious secondary 

sources residing in the aperture in the plane z = O. These secondary spherical waves 

(exp(jklr - r'l)/lr - r'l) are weighted as a function of the propagation direction by the 

obliquity factor (cosine of the angle from the propagation direction) zo/Ir - r'l. It is 

assumed that the input field V(r') is zero outside of some limits. For a unit amplitude 

plane wave incident upon the source aperture, the field is just the aperture mask. 

The reciprocity theorem of Helmholtz allows one to exchange the role ofa source 

point and field point. This is possible since the kernel of the superposition integral above 

depends only upon the distance between the source and point at which the field is being 

evaluated, not the direction between them. This makes the calculation of a detector 
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sensitivity pattern identical to the calculation of the radiation pattern ofa source. 

Therefore the transducer fields ts and to are the superposition integral where the input field 

is just the aperture mask (assuming a plane wave incident upon the aperture propagating 

normal to the aperture plane) and the desired quantity is 

t(r) = ffh(r;r')A(r')d 2r'. (3.9) 

The quantity A(r') is the aperture mask, which may be nothing more than a binary 

valued function that is one inside the aperture and zero outside. Representing the aperture 

with the values of zero and one leads to a field that is correct in form but is in arbitrary 

units (arbs). 

3.4.2 Approximations to diffraction equation 

The diffraction equation is in general not analytically solvable. There are several 

approximations that can be used to simplity the equation to obtain useful results. The first 

approximation is to assume the obliquity factor is constant (1). This results in 

h(r' r') = _1 exp{jklr - r'O 
, jA. z 

(3.1 0) 

where Zo has been replaced by z. 

The Fresnel approximation can then be made. Note that the distance 

(3.11) 
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The binomial expansion 

(3.12) 

can be used to approximate the spherical surfaces with parabolic surfaces 

1 (X_X,)2 (y_y,)2 [1 l(x-x,)2 l(y_y,)2] 
Z + -- + -- ~z +- -- +- . 

Z Z 2 Z 2 Z 
(3.13) 

The kernel can then be rewritten as 

h(r~ r') = h(x,y; x',y') = h(x - x',y - y,) 

exp(j AZ) (. k [()2 )2 ]~ =. exp J- x-x' +(y-y' 
JAZ 2z 

(3.14) 

The approximation requires that the propagation distance be large compared to the 

lateral dimensions of the observation region. If, as is usually done, the next term in the 

binomial expansion is required to be less than one radian then 

1t[ 2 2]2 Z3 »- (x-x') +(y-y') . 4"- MAX 
(3.15) 

A transducer stripe is expected to be at least as long as the field-of-view since it 

must insonify the entire field-of-view. If it is assumed that the two quantities are equal, 

then 

1t []2 7t Z3 »_ Z2 =_Z4 
4"- MAX 4A 

(3.16) 

and clearly the condition is not satisfied. 
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Typically, if this condition is satisfied, an additional constraint may sometimes be 

made. That is to assume the propagation distance is so great that the phase across the 

aperture is constant. This is the Fraunhofer approximation. In this case the diffraction 

pattern is the Fourier transform of the aperture evaluated at frequencies fx = X/AZ and 

fy=y/AZ. 

3.4.3 Propagation of angular spectrum 

A convenient means of calculating a field at a plane is the propagation of angular 

spectrum. In this method, the Fourier transform (spectrum) of a complex field is 

calculated. Often, an idealized mathematical function is used to represent the field. In 

many cases the idealized function does not have, in a strict sense, a Fourier transform. If 

this is the case, it is assumed that the generalized Fourier transform is required. For further 

elaboration on this point see Lighthill (1960). 

Consider a complex field U propagating in the Z direction. The spectrum of the 

field U is the two-dimensional Fourier transform 

Similarly, the field can be calculated from the spectrum by the inverse Fourier transform in 

two dimensions, 

(3.18) 
~ 

The equation for a unit-amplitude plane wave with direction cosines (o.,13,y) is 
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B(x,y,z) = eX{j 2; (ax + ~y +yz)] , (3.19) 

where 

(3.20) 

The wave must satisfy the Helmholtz equation 

(3.21) 

This can be used to calculate the spectrum in the plane z 

The field in the plane z is just the inverse Fourier transform ofits spectrum in that 

plane. What happens if 

(3.23) 

The result is that the wave propagating in that direction will exhibit exponential 

decay, 

(3.24) 

where 

(3.25) 

These waves are referred to as evanescent waves and are strongly attenuated 

simply as a result of propagation. They can be ignored if the propagation distance is more 



than a few wavelengths. If the field in a plane more than a few wavelengths away is 

desired, it can be calculated by: 

l.Taking the two-dimensional Fourier transform of the aperture function. 
2.ModifYing the phase of plane wave component by the transfer function above. 
3. Setting any components to zero if a. 2 + f3 2 ~ 1. 
4.Taking the inverse two-dimensional Fourier transform. 

This is very similar to the Fresnel approximation in that the act of wavefront 

propagation is represented by a convolution in the spatial domain (or linear filter in the 

spatial-frequency domain). However, the requirement is now only that the propagation 

distance be several wavelengths. 

3.4.4 Discrete-discrete operator calculations 

The essential components of two basic methods for calculating the diffraction 

84 

pattern have been presented for the continuous case. Since a matrix representation of the 

system operator is desired, it is necessary to numerically evaluate either the space-variant 

Fresnel-Kirchhoff diffraction integral or to perform the propagation of angular spectrum 

via the discrete Fourier transform (DFT). 

Difficulties can arise in the numerical computation using the DFT because of 

aliasing problems. The DFT can only represent a finite portion of both the spatial and 

spatial frequency domain. However, no function and its transform are simultaneously 

compact (Bracewell, 1986). As a result, higher frequency components are reflected or 

aliased down to lower frequency components. Since the desire is to propagate a very 

narrow, but long stripe, the DFT of a function that is nearly a line impulse function must 
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be calculated. This has significant high-frequency components and must be considered in 

calculations using the propagation of angular spectrum 

Numerically integrating the superposition integral is an alternative to using the 

DFT. In numerical integration, it is unnecessary to store an array representation of the 

function in memory, unlike the DFT method, which requires the full array to be stored in 

system memory. This permits the use of a finer sampling interval to reduce the effects of 

aliasing on the results. This advantage is seldom sufficient to make up for the dramatic 

increase in execution time. 



CHAPTER 4 

SPECIFIC DESIGN OF A SMALL MAM 

4.1 Purpose 

The essential mathematics ofa matrix representation (discrete-discrete (DD) 

model) ofMAM were outlined in Chapter 3. The next step is to design and fabricate a 

small system. This will provide a tool that can be used to both model and evaluate the 

performance of an actual system. The experience gained in this process can then be used 

to design a MAM possessing a field of view and resolution that are of practical use with 

significantly greater confidence. Hence, the preference is to design a small MAM, 

sacrificing small improvements in performance for ease and accuracy of fabrication and 

modeling. 

4.2 Design choices 

4.2.1 Choices already made 

The basic design of the MAM has already been described in Chapter 2. To 
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summarize, there are two sets of parallel stripe transducers that are in planes parallel to the 

object plane. Figure 2-14 is a schematic of a transmission-mode system. The two sets of 

transducers are at right angles to each other. One set of transducers is used as sources and 

the other as detectors. An acoustically conducting material fills the space between source 

and object and between object and detector. A data set is comprised of measurements 

from all pairs of sources and detectors. The amplitude and phase of the acoustic wave 
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(after conversion to a voltage by a piezoelectric material) are measured once a steady state 

condition has been reached. 

4.2.2 Reflection vs. transmission 

A MAM can, in principle, be manufactured for either transmission or reflection 

operation. Which is most appropriate for the task at hand? Our interest is in simplicity of 

manufacture and the accuracy of an instrument model, rather than a preference for a 

specific imaging modality. 

An obvious difference between a reflection and transmission device is the means 

used to limit the field of view. In a reflection mode device (Figure 4-1), the propagating 

medium is extended past the object plane, outside of the field of view. Hence, the object is 

correctly modeled as having finite extent. A transmission mode device (Figure 4-2) is used 

to image a thin section of material. In this case, a small air gap in the propagating medium 

limits the object extent. Another feature must be used to select the design concept for use 

in an experimental apparatus. 
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Figure 4-1 Profile of reflection-mode device showing how field of view is masked. 
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Figure 4-2 Profile of transmission-mode device showing how field of view is masked. 
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Another major difference between the two designs is in the piezoelectric 

transducers. A transmission mode device obviously has two separate piezoelectric 

materials. Each piezoelectric transducer has a ground plane on one surface and a 

transducer electrode pattern on the other surface. The electronics (amplifiers, oscillators, 

detectors, etc.) for the two transducers are separate except for a common ground plane 

(the instrument itself). A reflection-mode device combines both transducers into a single 

piezoelectric material with stripe electrodes on both surfaces. When switched between 

operation as a source and detector, the surface that acts as the ground plane is also 

switched. Additional electronics to switch a single transducer between operation as a 

source and detector are required for the reflection mode device. This is not a problem in 

principle, but is unnecessary for the experiment at hand. A transmission-mode device is 

therefore preferred for this initial design. However, in practice a reflection mode would 

probably be preferred since it could probe the properties at the surface of a thick or thin 

sample. A transmission-mode device would probably be most suitable for use with thin 

sections only. 

4.2.3 Frequency of operation 

A practical MAM would have a resolution comparable to a scanning acoustic 

microscope - on the order of one micron or less. A wavelength of one micron requires an 

operating frequency of 1.5 GHz in water. Operation at such high frequencies is difficult 

(expensive). It is much simpler to operate at low frequencies. Standard RS-170INTSC 

video signals have a bandwidth of about 5 MHz. This is a desirable target for the nominal 
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operating frequency since many low cost electronic components operate at or slightly 

above this frequency. Also, special considerations for circuit wiring and stray capacitances 

are nearly eliminated. Also, typical acoustic velocities for solid materials are on the order 

of 5000 ms· l producing a wavelength on the order of 1 mm. This should lead to reasonable 

dimensions for manufacturing tolerances. 

4.2.4 Propagating space and object 

The space between the object and transducers should be filled with a low-loss, 

isotropic, homogenous and easily machined material. Additionally, a transparent material 

may simplify use of the instrument; however, transparent materials (glasses and crystals) 

are not as easily machined as metals. Since a transparent material is not required, metals 

may be considered. Aluminum is low-loss, isotropic, readily available and easily machined. 

The velocity of sound in aluminum for longitudinal waves is 6420 meters/second 

(Kino, 1987). If the operating frequency is 5 MHz, then the acoustic wavelength would be 

1.28 mm or about 0.050 inches. An easy-to-reach tolerance on thickness variation from 

side to side of an aluminum block is 0.001 inch per inch or 1150 ofa wavelength over a 

span of 1 inch. 

Test objects could be made of a thin piece of aluminum or other metal. This would 

create an air gap between the two aluminum blocks that would prevent any transmission 

of sound due to the severe impedance mismatch between aluminum and air (ratio is 

roughly 104
) and severe attenuation of sound in air at high frequencies. 



92 

4.2.5 Piezoelectric 

An efficient, readily available piezoelectric crystal is lithium niobate (LiNb03). It 

can be purchased in one inch squares having a fundamental resonance (nominal) of 5 

WIz. The ratio of its acoustic impedance to that of aluminum is approximately 2: 1. This 

results in an amplitude reflection coefficient of about (ZI - Z2)/(ZI + Z2) = 0.33 or about 

0.67 of the acoustic field being coupled into the aluminum. This is not ideal but should be 

adequate for a first experiment. It is possible to make an impedance-matching layer 

between the two materials if that becomes necessary. 

There is a simple method of obtaining conductors spaced at a period of one 

wavelength. Standard ribbon cable has 20 conductors per inch or a period of 1.27 mm. 

This is almost identical to the nominal wavelength of 1.28 mm. A short length of ribbon 

cable could have its insulating material stripped from one side or throughout. The exposed 

conductors can be brought into close proximity to the piezoelectric crystal and the ribbon 

provides a simple connection mechanism. The crystal is in contact with the aluminum 

block for the acoustic space and can act as the ground plane. 

4.2.6 Number of transducers 

How many transducers should be built? The number of rows in the system matrix 

is equal to the number of measurements. If there are 16 sources and 16 detectors, then it is 

possible to make 256 different measurements. This is a rather small number; however, it is 

possible to switch that number of transducers by hand if necessary. If more transducers are 

built the array size increases very quickly. For example, doubling the number of 
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transducers would also double the width and height of the field of view. This increases the 

size of the system matrix by a factor of 24 = 16. Increasing the number of transducers 

requires larger piezoelectric crystals or a higher frequency of operation to reduce the 

wavelength and conductor spacing. An increase in the conductor density would require 

another fabrication process. Also, electronics to switch the transducers would be a 

practical necessity. 

Another constraint on the number of transducers for this initial design is the array 

size. If n, the number of sources and number of detectors, is 16 and the field of view is 

the same size as the data space, then the system matrix has n4 
= 164 

= 65,636 elements. 

Each element is a complex, double-precision quantity requiring 16 bytes of storage, and 

the array size is 1 Mb. This is easily manipulated on a computer. It also provides for the 

ability to subsample on reconstruction. For example, subsampling by a factor of 4 in the 

linear dimension would result in a system matrix that is 42 = 16 times as large or 16 

Mbytes. This is also easily manipulated on a computer. However, just doubling the system 

from n = 16 to n = 32 and subsampling by a factor of 4 results in a system matrix with 256 

Mbytes of storage. This is not easily manipulated on available computing resources. 

Is it reasonable to even try and design a MAM having a much larger, useful, field 

of view? Yes, if it is possible to make use of structure or symmetry in the system matrix to 

reduce the required storage. The fabrication and use of a small system that can be well 

modeled is intended to provide a tool to determine if this is possible. Therefore, let n = 16 

at most. 
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4.2.7 Transducer design 

Since this is a multiplexed imaging system (see Section 2.1), the system matrix is 

used not only in simulations but also for the inversion of the data to produce an image. 

Clearly, if each individual transducer stripe is infinitely long, then there would be no 

variatioll of the field due to a transducer in this direction. Unfortunately, the required 

steady state condition would never be reached. For this initial device the transducer stripes 

are 25.4 mm long since the lithium niobate crystals obtained are this size. A set of 16 

transducers with a period of 1.27 mm therefore occupy 20.32 mm in width. The 

overlapping portion of the two transducers defines both the system aperture and the field 

of view. It is a square of 16 by 16 pixels that is 20.32 mm (approximately 16 waves) on a 

side. 

4.2.8 Propagation distance 

The period of the transducers is approximately one wavelength. This is a small 

enough period (high enough frequency) so that grating lobes are not incident on the field 

of view. Also, this provides approximately two samples per point spread function 

diameter. More may be desirable, but this is reasonable. 

The propagation distance from transducer to object will be approximately 25 mm. 

This is slightly less than a readily available standard aluminum stock thickness (I inch). 

The F/# of the system, given the specified aperture size of20.32 mm and propagation 

distance of 25 mm, is approximately F/l.2. The resolution, using the Rayleigh criterion 
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for a square aperture (Hecht & Zajac, 1979) is approximately a 'A.F/# = 1.2'A.. A transducer 

period of 'A. provides at least two samples per resolution element. 

4.3 Field due to a transducer 

4.3.1 Far-field ofa square aperture 

To calculate the discrete-discrete operator representation ofMAM - the matrix H 

- it is necessary to calculate the field produced by a transducer. The method of calculation 

is identical for both the source and detector (although propagation distances may vary). A 

piezoelectric material converts energy between an electric field and an acoustic field. The 

fields are proportional to each other. The quantity of interest is therefore the wave field 

amplitude. In optics, the measured quantity is usually the squared magnitude of the field 

(irradiance ). 

The representation of a wave field by its angular spectrum of plane waves was 

described in section 3.4.3. To summarize, a wave field may be represented either by a 

spatial description or by its angular spectrum. The angular spectrum is just the Fourier 

transform of the spatial description. In practice, a discrete representation ofa wave field is 

used and therefore a fast implementation of the discrete Fourier transform is appropriate 

(FFT). The effect of propagation upon the angular spectrum of a wave field is represented 

by a linear, phase-only filter. This algorithm is applicable as long as the propagation 

distance is far enough for the evanescent waves to decay. 

To provide a check of the angular-spectrum technique, it is possible to calculate 

the diffraction pattern of a rectangular aperture in the far-field (Hecht & Zajac, 1979, 



96 

Goodman, 1968). This solution assumes that the propagation distances are far enough 

relative to the lateral dimensions of the aperture that the phase across the aperture is 

constant. The field due to a rectangular aperture with half-width a and half-height band 

source strength per unit area C is 

4abCexp{i(rot - kr)} sina. sinf3 
E= --

R a. 13' 
a. = kax/R, (4.1) 

13 = kby/R. 

The variables x and y specifY a coordinate in an observation plane a distance z from the 

aperture. Also, R2 = x 2 + y2 + Z2 and k = 21t/A.. 

In the Fraunhofer region the diffraction pattern form is constant; only the size 

changes. The Fraunhofer region begins at a distance (Kino, 1987; Hecht & Zajac, 1979) 

a2 

z»-
A.' 

(4.2) 

The parameter a is the half-width of the aperture and A. is the wavelength of the 

wave field. This condition is far more restrictive than required for the propagation of the 

angular spectrum of plane wave. Even so, the simple far-field calculations provide a useful 

means for comparing the results of the propagation of angular spectrum method. 

4.3.2 One-dimensional propagation ofa square aperture 

The propagation of the angular spectrum requires the calculation of a spectrum -

the DFT of the aperture. Since the aperture has compact support, its transform must have 

infinite extent. The DFT also assumes that the function being transformed is periodic 



(Bracewell, 1986). Now the propagation is performed by a linear filter which sets 

components outside the pass-band (the evanescent waves) to zero. Even so, aliasing 

cannot be ignored. 

One approach to reducing the effects of aliasing is to zero pad the array being 

transformed. This is essentially equivalent to increasing the period of the function being 

transformed. Since aliasing is the leakage of higher frequency components in one period 

over to lower frequency components in an adjacent period, zero padding is helpful. 
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Aliasing artifacts can be interpreted as interference between multiple apertures 

spaced at intervals of the array length. The multiple apertures are an artifact of the 

calculations, and exist even though only one aperture is physically present. Clearly, by 

moving the apertures further apart (zero-padding the array), then the interference between 

the adjacent apertures is reduced for a fixed propagation distance. This is certainly true in 

the far-field (Fraunhofer condition) where the linear filter operation can be ignored since 

the far-field pattern is just the Fourier transform of the aperture appropriately scaled in 

sIze. 

The other approach is to apodize the function being transformed or equivalently to 

low-pass the function before it is sampled (Press, et al. 1992). This is the topic of 

windowing functions, and a very extensive literature exists (Harris, 1978, Bracewell, 

1986, Press, et al. 1992). 
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To ensure that the diffraction pattern from a rectangular aperture is correctly 

calculated, first consider a one-dimensional aperture represented by a rectangle function 

(Gaskill, 1978). It is assumed that a plane wave of infinite extent is incident upon an 

aperture. Two representations of the aperture (Figure 4-3) are considered, an apodized 

and unapodized form. The unapodized input is a strict rectangle, and all nonzero entries 

are a constant value of 1. The apodization is to simply increase the number of elements by 

one and to replace the first and last element by 0.5. 

Figure 4-4 and Figure 4-5 are profiles of the absolute value of the field amplitude 

on a logarithmic scale. The plot shows the field from the center of the aperture out 250 

waves normal to the propagation direction. The actual wavefront is symmetric about the 

origin. The input aperture half-width is 5 waves and the propagation distance is 200 

waves. Additionally, the vectors used to represent the wavefront had 512, 1024 and 2048 

elements respectively. It is readily apparent that increasing the number of elements reduces 

the effect of aliasing. Additional!y the apodization reduces the required amount of zero 

padding, although it does effect the calculated amplitude somewhat. 

Figure 4-6 is included to show that the apodization procedure must extend the 

input aperture by one element so that the maxima and minima of the diffraction pattern are 

at the same location. The top plot is an unapodized aperture with ten elements, all one. 

The middle plot is the apodized version (eleven elements, first and last elements are 0.5, 

rest one). The bottom plot in this figure has eleven elements, all one. The number of 

elements in the vector is 2048 in all three cases. 
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Figure 4-7 through Figure 4-9 are profiles of the field amplitude for a one­

dimensional aperture after propagating 20, 80 and 200 waves. The figures show that 

apodization is useful for reducing the effects of aliasing and reducing the extent to which 

zero padding is required. The progression from short to long propagation distances clearly 

show that the Fraunhofer approximation requires a significant propagation distance for 

validity. This is a nice complement to the wavefront propagation calculations that need 

ever larger arrays to propagate greater distances without aliasing artifacts. 
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Figure 4-4 
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Figure 4-8 
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Figure 4-9 
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4.3.3 Two-dimensional propagation 

The Fraunhofer approximation was used to calculate the diffraction pattern for a 

rectangular aperture in the far-field. In this case, the diffraction pattern is found to be the 

Fourier transform (two-dimensional) of the input aperture with appropriate scaling. If a 

two-dimensional function is separable, 

/(X,y) = /x(x)/r (y). (4.3) 

Then the Fourier transform of the function 

(4.4) 

is also separable. The diffraction integral (Equations 3.7 and 3.8) is not separable. If the 

Fresnel approximation is made, then the diffraction integral is separable if the aperture is 

separable. The propagation of angular spectrum does not make use of the Fresnel 

approximation. 

Figure 4-10 is the diffraction pattern due to a square aperture assuming that the 

operator is separable. Figure 4-11 is the diffraction pattern of the same aperture as in 

Figure 4-10, except the operation is not assumed separable. In both cases the aperture has 

a half-width of 5 waves, the propagation distance is 20 waves and 256 points are used to 

represent the entire field with 2 samples per wave. Figure 4-12 is the difference between 

Figure 4-10 and Figure 4-11 where black represents no difference and full white the 

maximum difference. The two input arrays are scaled to the same maximum value (1) and 

the magnitude of the difference has a maximum value of 0.105. Not only do the 

amplitudes of the peaks differ but they are also shifted slightly between the two maps. 
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Figure 4-10 Propagation of a square aperture, half width 5 waves, distance 20 waves 
assuming that propagation operator is separable (1D propagation). 
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Figure 4-11 Propagation of a square aperture, half width 5 waves, distance 20 waves 
assuming that propagation operator is not separable (2D propagation). 
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Figure 4-12 Difference between Figure 4-10 and Figure 4-11. The inputs were scaled to 
a maximum magnitude of 1. The magnitude of the maximum difference, 
shown in white, is 0.105. 
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4.3.4 Ideal diffraction field for the nominal transducer design. 

Now that the basic computations have been demonstrated, the calculation of the 

field for an actual transducer and propagation distance of interest is necessary. Figure 4-13 

shows the amplitude of the diffraction pattern for a rectangular aperture that is 20 waves 

(height) by 1 wave (width). The aperture is represented by 81 points vertically and by 5 

point horizontally. The wavelength is equal to 4 array elements. Apodization of the 

aperture was used. The array dimensions are 256 by 512, of which the central 256 by 256 

elements are displayed. The additional zero padding is necessary to remove obvious 

aliasing artifacts. This is the nominal wave field that is used in the next section. The only 

differences are due to small variations in the small prototype MAM. 
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Figure 4-13 Field for a 20 wave by 1 wave (81 point by 5 point) apodized aperture after 
propagating 20 waves. Array used was 256 by 512 elements, additional 
zero padding was necessary to avoid aliasing due to narrowness of stripe. 
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Figure 4-14 Subset ofFigure 4-13 elements 100:158,100:158. 



CHAPTERS 

SIMULATING AND TESTING OF A SMALL MAM 

5.1 Reconstruction algorithm 

5.1.1 Overview 
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If the inverse of the system matrix exists, then it can be used to obtain an estimate 

ofthe object. The first problem is that the system matrix H is not necessarily square and 

hence does not have an inverse in the normal sense. It is possible to define a pseudoinverse 

matrix H+ that satisfies the Moore-Penrose conditions (Golub & van Loan, 1989). A 

more complete development of the following is available in Barrett (1991). 

HH+H=B (5.1) 

B+HB+ =B+ (5.2) 

[BH+f =BH+ (5.3) 

[H+Bf' =B+H (5.4) 

Note that the adjoint (complex-conjugate, transpose) ofH is denoted by Ht. The 

Hermitian matrix HHt has a complete set of orthonormal eigenvectors {Vm, m = 1 ... M} 

and nonnegative eigenvalues {Am, m = 1 ... M} (Strang, 1988). Ifthe eigenvalues and 

eigenvectors are sorted in descending order of eigenvalue and the first R eigenvalues are 

nonzero, then 

t "R t BH = .L..im=lA.mVmvm• (5.5) 
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This sum of vector outer-products is the singular value decomposition (SVD) of 

the matrix HHt. A well known expression for the matrix pseudoinverse can be 

generalized as 

H+ = IimHt(HHt +8 21)-1, 
c-.o 

(5.6) 

where 1 is the MxM unit matrix. 

By substituting the SVD of HHt in this equation, the pseudoinverse can be 

computed as 

+ ~R 1 t 
H = ~m=I.JAm um V m· (5.7) 

In practice, some of the eigenvalues for m =::; R may be very small. In this case it is 

possible to reduce the amount of noise amplification by regularizing the pseudoinverse. 

One method of regularization is to use the middle form of the equation with a finite value 

for 8. It is also possible to exclude the use of eigenvectors with small eigenvalues by 

setting the eigenvalues to zero or equivalently setting R to something less than its actual 

value. 

A few other topics are worthy ofa brief introduction. An expression for the SVD 

ofthe matrix HHt has been presented. Similarly, the SVD of the matrix HtH can be 

shown to be 

(5.8) 
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where HtH is NxN. Finally, the SVD of the matrix H is 

(5.9) 

The vectors Vm are often referred to as the data space singular vectors and the 

vectors Uj are the object space singular vectors. The set Am is the singular value spectrum 

of the matrix HHt and HtH and Am ;;:: O. The singular value spectrum ofH can be 

derived by taking the square root of the set Am element by element. . 

Fourier analysis is often used to obtain a transfer function description of a shift-

invariant imaging system. The transfer function is just the eigenvalue spectrum, and the 

eigenvectors are known to be a set of sampled complex exponentials. SVD analysis is a 

generalization of Fourier analysis that is applicable to shift-variant imaging. The singular 

value spectrum of a system is to SVD analysis as the eigenvalue spectrum (transfer 

function) is to Fourier analysis. Even given this, it is still not possible to compare two 

shift-variant imaging systems by simply comparing their singular value spectrums. This is 

because a set of singular vectors is unique to a specific shift-variant imaging system. 

However, the SVD of such a system is useful for examining the data and null spaces of the 

instrument and obtaining the pseudoinverse of the system matrix. 

5.1.2 Calculating the system matrix 

The first step in calculating the system matrix H is to calculate the field due to the 

sources and detectors over the entire field of view. This was done in Matlab for Windows 

(see Chapter 4). Since every source is identical and every detector is identical, the 
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calculation was performed once each for a source and a detector over an area large 

enough to cover the field of view for all positions of the source or detector. For each 

source and detector pair, the portion of the wave field within the field of view was 

multiplied on an element-by-element basis. The elements of this array are the elements of 

one row of the H matrix. After filling all rows of the H matrix, the matrix HH t was then 

calculated. The SVD analysis ofMAM was performed using Matlab for Windows. In 

particular, the function svdO was used on the Hermitian matrix HHt even though an 

eigenanalysis (function eigO) gives the same results. The advantage is that the function 

svdO returned sorted arrays, but uses more memory. 

5.1.3 SVD of nominal design 

The SVD for the matrix HHt for the symmetric case where the source and 

detector propagation distances are both 20 waves has been calculated. All other 

dimensions are the same as the small, prototype MAM described in Section 5.1.4. The 

operating frequency is 5.3 MHz, leading to a wavelength of 1.19 mm in aluminum. The 

spacing of the stripes is 1.27 mm, and they are assumed to have a 100% fill ratio. The fill 

ratio is defined as 100% * width / period of a transducer element. The singular-value 

spectrum is shown in Figure 5-1 and on an expanded scale in Figure 5-2. The approximate 

rank of the matrix is 150. 

The data-space singular vectors are of dimension M by 1 (256 by 1). They have 

been reformatted into 16 by 16 squares to match the source and detector indices. The 

magnitude and phase of the formatted data space singular vectors are shown in groups of 
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16 arranged 4 by 4 in Appendix A. Since the singular vectors are complex valued, the 

magnitude and phase are displayed separately. Each singular vector is displayed using the 

maximum contrast available. White corresponds to either the maximum magnitude or to 

21t radians and black to the minimum magnitude or 0 radians in each singular vector. The 

data space vectors are projected into object space and arranged to create N by N (65 by 

65) arrays and are displayed similarly in Appendix B. 

When examining the singular vectors one should observe a tendency for the 

singular vectors to increase in complexity as the singular value decreases. Also, note the 

symmetry that is apparent in the singular vectors. Lastly, even for very small singular 

values, the symmetry in the vectors is still present. This suggests that there are no 

problems with numerical precision in the analysis. 

5.1.4 SVD of the small prototype MAM 

The propagation distance in the small prototype MAM is 20.97 waves for both 

source and detector. Because of the similarity ofthe SVD of the two variations, only the 

nominal design is shown in Appendix A and B. 
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Figure 5-1 The entire set of eigenvalues of DDt. 
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5.1.5 Simulation of system 

A digital representation of the object used in the following set of simulations is 

shown in 

Figure 5-3. The object is an irregular trapezoid having constant attenuation and 

phase shift. The object was projected by the system matrix, and then the SVD was used to 

produce an estimate of the object. The reconstruction was performed using the first 30, 

50, 100 and 150 singular vectors. The reconstructions with 30 (Figure 5-4) and 50 (Figure 

5-5) singular vectors are poor. They are, at best, approximately correct in location and 

size of the object, but not in detail. The reconstructions using 100 (Figure 5-6) and 150 

(Figure 5-7) of the singular vectors are reasonably accurate representations of the input 

object. Figure 5-8 shows the phase of the reconstructed object using 150 singular vectors. 

In the region of the object, the phase is nearly constant, although away from the object, 

where the values of the input object are zero, the phase is noisy. 
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5.2 Experiment 

5.2.1 System description 

The system was built as per the description of Chapter 4. A photograph of the 

experimental device is shown in Figure 5-9. In Figure 5-10 a block diagram of the 

experimental setup is shown. The signal source was a Hewlett-Packard 8165A frequency 

generator. It was tuned to 5.30 MHz to obtain the maximum signal output of the total 

system. It was operated in burst mode, allowing the selection in single cycle increments of 

the length of the tone burst. The output level was set to 400 m V which was fed into a 

power amplifier (PRD 7835) providing 40 dB of gain from 0.5-550 MHz with a maximum 

of 5W of output power. The output of the power amplifier was coupled to the source 

transducer. The detector output was connected directly to the digital oscilloscope -

Tektronix TDS-420. An Avantek instrumentation amplifier was evaluated for use in the 

detection path but did not improve signal quality. Since the oscilloscope has adequate 

amplification available internally, the Avantek amplifier was not used. A pulse generator 

with dual outputs and a settable delay between them was used to control the experiment. 

The first output pulse triggered the signal source, and the second, delayed, output pulse 

triggered the oscilloscope. The repetition rate of the pulse generator was set low enough 

that no interference effects were apparent in the oscilloscope display. The oscilloscope 

was used to average 100 samples for all combinations of source and detector. The 

sampling rate of the oscilloscope was set to 50 Msamples/sec, providing an adequate time 

record in length and almost 10 samples per period of the tone burst fundamental 

frequency. 
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A simple matching network was built, but it was not used. The amount of electrical 

feed through to the detector electronics was greatly reduced by not using the matching 

network. This was most likely due to the inductor in the network radiating energy which 

was received by the detector electronics. 

A computer (ISA bus 486) running Microsoft Windows 3.1 and National 

Instruments Lab View was used to read the averaged time record for every source and 

detector pair from the oscilloscope and to store the data in files named to identify the 

experiment and particular source and detector pair. 
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Figure 5-10 Block diagram of experimental setup. 
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5.2.2 Signal processing 

The files containing the digitized signal from the oscilloscope were post-processed 

in Matlab to determine the amplitude and phase ofthe fundamental frequency. A function 

in Matlab was written that took the filename prefix and sequentially processed all files in a 

set. A section of the time records was specified for use in calculating the amplitude and 

phase of the fundamental frequency. The fitting was performed by an optimization routine 

based on the simplex algorithm (fminsO) provided by Matlab. The frequency of the carrier 

was specified, along with the subset of the time record to use. The optimization routine 

was used to determine the amplitude and phase necessary to minimize the sum of the 

squared errors between the sine wave being fit and the data samples. Figure 5-11 shows 

the convergence of the algorithm to a representative part of a data set. The sampled data 

are denoted by the circles. The solid lines are the fit sine wave after 25, 50, 75 and 100 

iterations. The final example is nearly indistinguishable from the measured data. The 

amplitude and phase of the sine wave are converted to Cartesian coordinates. This process 

is repeated for all source and detector pairs. The end result is a complex-valued data 

vector g. 

The raw data from the oscilloscope, for three combinations of source and detector, 

are shown in Figure 5-12 through Figure 5-14 for a single experiment. Each figure is 

comprised of four plots, each having a different time scale. 
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Figure 5-11 Plot showing data samples and fit sine wave after 25, 50, 75 and 100 
iterations (solid lines). The measured data are the circles. 
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Figure 5-13 Data record for experiment k, file k44. This data set is from the 4th source 
and 4th detector and midway between the center of the field of view and the 
top left corner. The time between successive samples is 20 ns. 
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Figure 5-14 Data record for experiment k, file k22. This data set is from the 2nd source 
and 2nd detector and is near the top left corner of the field of view. The 
time between successive samples is 20 ns. 
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When the data shown in Figure 5-12 were collected, the expected duration of 

steady state was determined by considering the longest direct path without any scattering 

by the object, only attenuation. This is an incorrect method. The expected duration of 

steady state, calculated when considering object scattering (Section 2.6), is about 10 

cycles of the carrier frequency. Clearly, steady state does not last for this long in Figure 5-

12. 

5.2.3 Simulated vs. real data 

A simple test of the system is to compare simulated and real data in data space, 

rather than object space. To permit a visual comparison, Figure 5-15 shows the magnitude 

of a real data set in a two-dimensional data space representation. The data are from indices 

470 through 490 of the data shown in the oscilloscope traces. A simulation of this same 

system and object was described in Section 5.1.5. The simulated data are shown in Figure 

5-16. Even more apparent than the lack ofa steady state in Figure 5-12, is that the extent 

of the object in data space (Figure 5-15) is not nearly as great as predicted (Figure 5-16). 

Figure 5-17 and Figure 5-18 show reconstructions using the real data for 30 and 

50 singular vectors. Figure 5-17 is the best reconstruction and only approximately correct 

in location and size of the object. The inclusion of additional singular vectors in the 

reconstruction introduces additional artifacts. 
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5.2.4 Capacitive coupling 

One problem that could be reducing the spread of the diffraction pattern, or 

equivalently increasing the effective size of the aperture is the capacitance between parallel 

conductors. As a result, it is reasonable to expect some leakage of the signal between 

nearby transducer electrodes. When a single transducer is being excited, it is plausible that 

the output of a transducer is a linear combination of adjacent transducers. (Unused 

transducers were left floating). A measurement with the oscilloscope showed that the 

adjacent transducer had a voltage present that was about 20% that ofthe driven 

transducer. The next transducer was at about 4%, and after that the signal was in the 

noise. 

Since the transducers are radiating energy, there should be a resistive component 

in parallel with the transducer capacitance. As a first approximation, the model will ignore 

the resistive component. If this is a purely capacitive network, there should be no phase 

shift between the transducers. Also, receivers should have the same effect on neighbors as 

sources. As a result, it is possible to define a matrix that transforms the ideal 

measurements with no coupling between neighboring transducers to a set of actual 

measurements corrupted by the capacitive coupling. If there was no coupling, the matrix 

He would be the identity matrix. 

(5.10) 

The matrix He is the product of a coupling matrix for sources and an identical 

coupling matrix for detectors. He is indexed for both rows and columns by a source and 
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detector pair. The measured values of the coupling were used to produce a matrix and 

calculate a decoupled set of measurements g from the actual measurements gm for input 

into the SVD reconstruction algorithm. 

The matrix is real valued and easily inverted. Unfortunately there was no 

improvement in the quality of the reconstructions using data that were processed to 

account for this problem prior to reconstruction. Enhancing the model to include the effect 

of a resistive component was not done. 

5.2.5 Surface acoustic waves 

The more serious problem is the propagation of surface acoustic waves (SAW). A 

simple experiment was performed with a single piezoelectric crystal on a 25 mm thick 

aluminum block. The first conductor was connected to the source and the last conductor 

to the oscilloscope. A distance of about 19 mm separates the two conductors. A tone 

burst of 10 cycles was output and the resultant electrical feedthrough saturated the first 

part of the two traces shown in Figure 5-19. The clipping levels are different as a result of 

different gain settings on the oscilloscope. The sampling rate was set at 50 Msamples per 

second, hence a difference in indices of 100 corresponds to 2 microseconds. The trace 

begins with the start of the tone burst. In the first case (top) a single piezoelectric 

transducer is used. In the second case (bottom) two piezoelectric crystals are used with a 

small gap between the two crystals (Figure 5-20). 

Both traces drop to a near-zero value at about index 200 (4 microseconds) for a 

short interval corresponding to the end of the tone burst from the amplifier. The absolute 



maximum in both signals occurs at about index 500 and corresponds to a bulk acoustic 

wave reflected from the opposite face of the aluminum block. The leading edge of the 

BAW should arrive at about index 425 (8.5 microseconds). 
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The SAW velocity for lithium niobate is about 3800 ms· l
. The leading edge of the 

SAW wave should arrive at about index 250 (5 microseconds) after the start of the tone 

burst. In the top plot there is a significant, nearly constant signal between index 250 (SAW 

arrival time) and index 425 (BAW arrival time). In the lower trace, where there is a break 

in the crystal between the two transducers, the SAW amplitude is greatly reduced. 
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Figure 5-19 Surface acoustic wave data. Index 0 is at start oftone burst. Top plot is for 
a single crystal. Bottom plot has two crystals. 
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5.3 Where to from here? 

The reconstruction from the small MAM is disappointing. The object is in the 

correct location but exhibits severe artifacts and low resolution. This is not terribly 

surprising considering the absence of steady state and the obvious difference in extent 

between the measured and theoretical data when represented as a two-dimensional array. 

Even so, building the small system was valuable for the design defects that were revealed. 

Two minor problems are a poor (3: 1) impedance match between the transducers and the 

aluminum block, and capacitive coupling between adjacent transducers. Both of these 

problems are correctable. The serious problem is the generation of a SAW. Unfortunately, 

a SAW attenuates by radiation of bulk acoustic energy. The result is an effective 

transducer width that is greater than expected and varies with time. The existence of a 

time-dependent apet1ure precludes the development of the required steady state. 

If the transducer fields are known through measurement or calculation, then the 

simulations show that the small MAM, with its complete, fully general system matrix, 

works. Not all hope is lost since Shaulov et al. (1988) has shown that it is possible to 

produce predictable radiation patterns from stripe transducers with widths on the order of 

one wavelength. To accomplish this it is necessary to dice the array by cutting grooves 

into, but not through, the transducer material, between each transducer stripe. If this is 

done, the radiation pattern has the predicted form to within a few percent. Dicing of the 

transducer arrays was attempted. Unfortunately, the crystals are too fragile for this to be 

successful with the hardware that was built. Ion beam milling of an array is a possible 



solution for arrays with small dimensions, but was not an available option for the 

prototype. 
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CHAPTER 6 

LARGE MAM SIMULATIONS 

6.1 Introduction 

It is possible, though difficult, to fabricate a MAM with a large field of view and 

small sampling interval. It would be necessary to use lithographic techniques to pattern an 

appropriate piezoelectric material. A candidate material is a thin film of zinc oxide. Such a 

thin film is amenable to ion beam milling to dice the array (Hickernell, 1994). Accepting 

that the fabrication of the hardware for a MAM with a practical field of view and the 

associated transducers and signal detection electronics is possible, a fundamental question 

remains - how to reconstruct an image? 

In the evaluation of a small MAM, the entire system matrix is manipulated in its 

full, shift-variant representation. The principal approximation in the calculation of the 

system matrix is the discretization of the object. The full system matrix requires storage 

proportional to the fourth power of the field-of-view linear dimension. Hence, a field of 

size 256 by 256 pixels, without subsampling, results in a system matrix requiring 68.7 Gb 

of storage (complex, double precision). Ideally, a still larger field of view is desired with 

the possible addition of subsampling the field of view upon reconstruction. The specific 

problem addressed in this chapter is how to reconstruct an image from a MAM with a 

large field of view. 



6.2 Landweber 

The need to invert a system represented by a large matrix poses two problems: 

storage space and computation time. This first algorithm considered permits a dramatic 

reduction of storage space. The required computation time is examined since MAM is 

competing against existing devices - scanning acoustic microscopes - that are limited 

principally by mechanical scan times in the production of high-resolution images. 
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It is possible to reduce storage space for the system matrix by noting that the 

elements of the matrix are a product of a source field and a detector field as was described 

in Chapter 3. Specifically, the elements of the matrix B can be denoted as the product of 

the source field averaged over an object pixel multiplied by the detector sensitivity 

averaged over the same object pixel 

(6.1) 

The source field is assumed to have the same form for all sources; they are just 

shifted relative to each other. The same is true for a detector. Therefore the fields are 

really a function of two variables, pixel distance from the transducer and position along the 

long direction of the transducer 

(6.2) 

The elements of the matrix B depend on four variables, pixel location in two 

coordinates, source index and detector index. It is convenient to think of the matrix as a 

mapping between pixel location (Id) and data sample corresponding to source and detector 
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(ij). The pairs of numbers can be mapped to a unique row (ij) or column (Id) by simply 

considering each number to have as its base the number of pixels or transducers that exist 

(so called "lexicographic" ordering). 

The functions sand d are just the diffraction pattern of the source and detector 

transducers, respectively. Since all transducers are supposedly identical, it is possible to 

obtain an element of the system matrix by simply looking up the required values from each 

of two arrays containing a map of the respective diffraction pattern. By using the even 

symmetry, about the transducer, of the diffraction pattern it is possible to completely 

represent the diffraction pattern of a transducer by storing a single complex number for 

each field point. Storage of the system matrix is reduced from O(n4) to O(2n2) where n is 

the linear dimension of the field of view and the factor of2 is to permit a different 

diffraction pattern to be stored for sources and detectors. For the case of a 256 by 256 

pixel field of view, the required storage space is reduced from 68.7 Gb to only 2.1 Mb, a 

reduction by a factor of32768. 

If the system matrix is stored as its components, the data inversion algorithm 

cannot modify the elements of the system matrix. This implies that it is necessary to use an 

iterative algorithm that obtains new estimates of the solution from repeated operations 

using the system matrix. The Landweber algorithm (Barrett, 1992) fulfills this 

requirement. In its full generality each successive iteration produces a new estimate of the 

solution vector from the equation 



fl+l = fl +00 Ht (g - Hfl). 
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(6.3) 

In this equation, g is the data vector, H is the system matrix and 00 is the relaxation 

parameter. The reconstructed object is represented by the ith iteration fi. The algorithm 

can be terminated by evaluating the change between iterations of the object or by fixing 

the number of iterations. 

A small C program was written to perform a single iteration of the above equation 

for various sized matrices on a 100 MHz Pentium processor. The matrices were filled with 

zeros since the only quantity of interest was execution time. Figure 6-1 is a set of timing 

measurements and estimates for a single iteration of the Landweber algorithm. 

The ratio of times is approximately proportional to n4. Using this ratio, a 512 by 

512 image would take about eighteen days per iteration and require many iterations. Even 

for a 256 by 256 image each iteration would take about one day (6 days for a 486/66) and 

convergence would require a couple of months. Although the method can take advantage 

of the element-by-element factorization of the system matrix to dramatically reduce the 

storage space required, the necessary computation time is excessive. The Landweber 

algorithm clearly is not practical in this application because the matrix is full. 



Figure 6-1 

n time 
16 1.4 sec measured 
32 25 sec measured 
64 385 sec measured 

128 1.7 hours est. 
256 27.4 hours est. 
512 18.3 days est. 

Execution time for one iteration of Land weber algorithm on a 100.MHz 
Pentium. 
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In cases where H is sparse in a manner that is easily amenable to reducing 

computations, the method can be reasonably fast. For an interesting application of the 

successive over-ralaxation (SOR) algorithm, which is very similar to the Landweber 

algorithm (Abbey, 1995), see Southwell (1980). The problem addressed by Southwell is 

reconstruction of a surface given estimates of its slope. In this problem, the matrix is so 

sparse that the storage required for H is just the same as the number of points in the field 

rather than the square of that number (n2 rather than n4
). A good introduction into SOR 

can be found in Numerical Recipes (Press et al., 1992). 

6.3 Circulant Matrices 

The previous section maintained the general shift-variant model of the system 

while dramatically reducing the required storage space. Unfortunately, computation time 

increased dramatically. In this section, a shift-invariant model is developed for a one-

dimensional system. This development is similar to that used by Gonzalez & Wintz (1987). 

The first step is to write the discrete form of a convolution in one-dimension. The 

functionsfand h - object and impulse response - are assumed to be periodic with period 

N. They are also assumed to be sufficiently compact - zero padded - so as to avoid 

overlap within a period. The convolution may be written as 

N-\ 

g(x) = Lf(n)h(x- n),forx = 0,1,2 ... N -1 , (6.4) 
n=O 

or symbolically as 

g(x) = h(x) * f(x). (6.5) 
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This is equivalent to the matrix-vector multiplication 

g=Hf, (6.6) 

where g and f are vectors comprised of the ordered sets of values and 

h(O) h(N -I) h(N -2) h(l) 

h(l) h(O) h(N -I) h(2) 

H= h(2) h(l) h(O) h(3) (6.7) 

h(N -I) h(N - 2) h(N - 3) ... h(O) 

The matrix H is circulant - each row is a copy of the preceding row shifted one position 

to the right with the last element rotating around to the left-most position. An element of 

the matrix may be written as 

(6.8) 

which simply means that the matrix elements are a periodic function of the singly indexed 

function with period N. 

To solve equation 6.6 for f, it is necessary to invert, by some method, the matrix 

H. Let us begin, by defining the function 

A(k) = h(O) + h(N -1)exP[i ~ kJ + h(N -2)exp[i ~ 2kJ 

+ .. +h(l)exp[i~(N -l)k J. 

where i = H . Additionally, let us define the column vector 

(6.9) 
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w{k) = (6.10) 

It is easy to show by matrix multiplication that 

Hw{k) = A{k)w{k). (6.11) 

Therefore, w(k) is an eigenvector of the matrix H, and A(k) is the corresponding 

eigenvalue. There are a total ofN eigenvectors that can be used to create the matrix 

W = [w{O) w{l) w(2) ... w{N -1)]. (6.12) 

The columns of Ware comprised of sampled, complex exponential functions. Due to the 

orthogonality of the complex exponential functions, W is a column orthogonal matrix and 

its inverse, W-1
, is the complex-conjugate, transpose ofW. However, W is symmetric, 

therefore W-1 is just the complex conjugate ofW. It is easy to verity that 

WW- I = W-1W = I. (6.13) 

The matrix H may be written as 

H = WW-1HWW-1 = WDW- I , (6.14) 
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where D is a diagonal matrix of eigenvalues. The inverse of a diagonal matrix D is trivially 

obtained, being the element-by-element reciprocal along the diagonal. Finally, the desired 

quantity H- I is obtained, 

(6.15) 

Equation 6.6 may now be rewritten as 

(6.16) 

This is useful because the result of multiplying a vector by W- l is the discrete Fourier 

transform of the vector. Does D have a similar relationship to the matrix H? 

An element of the matrix D, is 

N-IN-I 

D kn = (W-1HW)kn = LLWki1hlmWmn' (6.17) 
1=0 m=O 

The elements of Ware 

Wkl = exp{i21tkl/N}, (6.18) 

and the elements of W- l are 

W~~ = J..exp{-i27tmn/N} . 
N 

(6.19) 

These two equations can be used to rewrite equation 6.17 as 

1 N-I N-I 

D kn = -L L exp{-i21tkl/N}hl mexp{i21tmqlN} . 
N 1=0 m=O 

(6.20) 

Now, define p = 1- m and use the periodicity ofh to rewrite this equation in the form 



158 

1 N-I N-I 

Dkn = - Lexp{-i2nkl/N}h1n Lexp{i2nm(I -p)/N} . 
N 1=0 m=O 

(6.21) 

This is just the one-dimensional discrete Fourier transform of a row of H multiplied by a 

Kronecker delta function. That is, 

D kn = H(n)Okn' 
1 N-I 

Hn = - L exp{-i2nkl/ N}hln' and 
N 1=0 

N-I 

okn = Lexp{i2n(k - n)mj N}. 
m=O 

(6.22) 

Inverse filtering is an alternative approach to the solution of Equation 6.6. In this 

approach, the discrete Fourier transform of the data (G(u» and the impulse response 

(H(u» are calculated via the fast Fourier transform. Then the estimate is calculated from 

j(X) = F'{ ~~~n. (6.23) 

where Fl is the inverse discrete Fourier transform and the division is on a point-by-point 

basis. 

To summarize, the one-dimensional discrete Fourier transform of a row of a 

circulant matrix is equivalent to diagonalizing the circulant matrix. This is the reason 

inverse filtering has a dramatic computational advantage over general matrix inversion. 

This benefit is solely a result of the periodicity of the input and spread functions which 

leads to the kernel of the discrete Fourier transform also being the eigenvectors ofa 

circulant matrix. 
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The use of Fourier transforms in the analysis of both continuous and discrete 

problems is quite common. For further information see Gonzalez & Wintz (1989), Gaskill 

(1979), Goodman (1968), Bracewell (1986), Barrett & Swindell (1981). 

6.4 Block-Circulant matrices 

A circulant matrix is a representation of a one-dimensional convolution. 

Generalization to a two-dimensional convolution leads to block-circulant matrices. This is 

simply a circulant matrix whose elements are circulant matrices. The point-spread function 

is a two-dimensional array that is circulated in two directions to build the corresponding 

block-circulant matrix. The derivation of the preceding section is easily generalized to 

block-circulant matrices. To accomplish the generalization, the system matrix H is 

represented as a four-dimensional matrix, this simply means that two indices are used to 

select the row and two for the column. In each case, one index will specify a row or 

column of blocks and the other index the row or column within the block. 

A discrete, two-dimensional convolution may be written as 

M-IN-I 

g(x,y) = IIf(m,n)h(x-m,y-n) 
m=O n=O 

x = O,I,2 ... M-l (6.24) 

Y = O,I,2 ... N-l 

This is equivalent to the matrix-vector multiplication 

g=Hf, (6.25) 

where g and f are column vectors of length MN. The matrix H may be written in the form, 
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ho h
M

_I hM-2 hI 

hI ho hM_I h2 
H= h2 hI ho h3 (6.26) 

hM_I hM - 2 hM-3 ho 

which is itself comprised of matrices 

h(j,O) h(j,N -I) h(j,N - 2) hO,I) 

h(j,I) hO,O) hO,N -I) h(j,2) 

h.= 
J 

h(j,2) hO,I) h(j,O) hO,3) (6.27) 

h(j,N -I) h(j,N - 2) hO,N - 3) h(j,O) 

The matrix H is block-circulant. An element of the matrix H may be written as 

(6.28) 

It is necessary to construct a matrix to diagonalize H. We begin by defining 

(6.29) 

and 

(6.30) 

These two equations are used to define a matrix W, of size MN by MN. The matrix W is 

partitioned into M2 partitions of size N by N. Partition im is defined as 

W(i,m)= wM(i,m)WN , fori,m=O, ... ,M-l. (6.31) 

The matrix WN is an N by N matrix with elements 



161 

WN = wN(k,n), for k,n = O, ... ,N-1. (6.32) 

It is easy to calculate W·., it is simply the complex conjugate ofW, as in the 

preceding section. The matrix H can be diagonalized by 

D=W-1HW. (6.33) 

provided that H is block-circulant. 

Summarizing the results for a block-circulant matrix in a form similar to equation 

6.22 produces 

d k1mn = Hkl6klmrP 
1 M-IN-I • 

Hkl = -2 L L exp{ -r21t(pk + ql)/N} hpqkl , and 
N p=O q=O 

(6.34) 

N-I N-I 

6 k1mn = Lexp{i21t(k - m)t/N} Lexp{i21t(I- m)o/N}. 
1=0 5=0 

The two-dimensional discrete-Fourier transform of a block of a block-circulant 

matrix is equivalent to diagonalizing the block-circulant matrix. Hence, if the system 

matrix is or can be well approximated as being a block-circulant matrix, it is possible to 

apply inverse filtering techniques to invert the system. 

Inverse-filtering is essentially a method of inverting a block-circulant matrix. How 

much of a computational advantage does inverse filtering have over general matrix 

inversion? Consider a point spread function represented by a 512 by 512 matrix. The DFT 

of a 512 by 512 matrix is fast. This is essentially equivalent to inverting a system matrix H 

of size 5122 by 5122 or 262,144 by 262,144. A general purpose matrix inversion ofa 



162 

matrix this large is much slower than the DFT ofa 512 by 512 matrix. If the system matrix 

is block-circulant, dramatic reductions in storage space and computation time can be 

realized through the use of inverse filtering. 

6.4.1 Block-circulant MAM 

To prevent overlap of the two-dimensional convolution, it is necessary to zero pad 

the point-spread function and data array such that there is no overlap within one period. 

For this particular application, the transducer spread function extends over the entire field 

of view and is symmetric about the transducer. Hence the point spread function has even 

symmetry in two coordinates. Therefore the point spread function is twice the dimension 

(four times the area) of the object being processed. This means that, for a 128 by 128 field 

of view, the point spread function is 256 by 256. It is only necessary to zero pad to a size 

of256+128-1 = 383; however, due to the use of an FFT routine it is necessary to increase 

this to a size of 512 by 512 for the inverse filtering operations. 

One way to view the general shift-variant problem is to consider every point in the 

field to have its own PSF. The inverse filtering technique assumes that the PSF is 

independent of location. Therefore it is necessary to assume that a single PSF applies 

everywhere in the field. The choice that is made is to use the transducer spread function at 

the center of the field-of-view to create the PSF. This should produce the best image 

quality in the center of the field, with the performance falling off towards the edge of the 

field as the approximation weakens. 
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6.4.2 Results 

To examine the effect of the linear, shift-invariant approximation, it is necessary to 

use a system matrix in all of its linear, shift-variant glory to collect the simulated data. It is 

not possible on available computing hardware to explicitly express the system matrix for a 

system of this size. Fortunately, it is not necessary either. Since the system matrix elements 

are the product of a transmitter field value and receiver field value, all that is necessary is 

to calculate the two fields. It is also possible to use just one field if the propagation 

distances are the same for transmitter and receiver. Additional storage reduction can be 

obtained by using the even symmetry about the center of the stripe of the field. 

There are several steps necessary to produce a simulated data set without the 

assumption of shift-invariance. The first step is to calculate the diffraction pattern of a 

transducer in the object place. This can be done via the propagation of angular spectrum 

method described earlier (Section 3.4.3). This is done once for source and detector if the 

propagation distances are different. Then, for every non-zero object point, the data vector 

is collected. Each element of the data vector is a product of the object point, source field 

and detector field. The source and detector fields are obtained by looking up the 

appropriately translated value from the corresponding diffraction pattern. 

Simulated data sets were collected for several simple objects and one complex 

object. The parameters of the simulation were: 

1. 128 by 128 pixel field of view, 

2. 150 wave by 1 wave transducer elements, 

3. 100 wave propagation distance, and 
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4.3 samples per wavelength. 

The simulation was performed using Matlab on a Digital Equipment Corporation Alpha 

workstation. The size of the simulated field of view was limited by available computing 

resources. Inverse filtering was used to reconstruct the estimated object. The point spread 

function used in the reconstruction was from the center of the field of view and was 

assumed to be shift-invariant. 

The results on axis are quite good (Figure 6-2); the input object is strictly real with 

a magnitude of one. The output is correctly located and has the correct magnitude and 

phase. Moving to the edge of the field (Figure 6-4), the psfspreads out substantially. 

Additionally, the phase is not correct. Looking midway between the center and corner of 

the field of view (Figure 6-3), the performance is better than the edge, but not great. 

Lastly, two closely spaced points at the center of the field are well resolved. 

Even though the results are good at the center of the field of view, the phase 

estimates are not very satisfactory. The removal of two-pi ambiguities in the phase plots is 

not totally successful. Even so, it is quite clear that a significant, approximately parabolic 

phase error exists. 



Figure 6-2 
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Figure 6-3 
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The simulation was then performed for a substantially more complex object. The 

object was comprised of crosses and XiS with single pixel lines and a 7 by 7 pixel cell size. 

The objects are placed every 16 pixels and alternate within a row. A gray scale 

representation of the object is shown in Figure 6-6. The absolute value of the real part 

(Figure 6-7) and absolute value of the imaginary part (Figure 6-8) for the reconstruction 

are shown on the same gray scale to permit comparisons between them. The input object 

is comprised of strictly real values with magnitude 1 (scaled to full white) or zeros. The 

output images (real and imaginary part) has a maximum of 1.29 in the real part. The 

absolute value simply forces black to correspond to zero and full white to the maximum 

value within an image. 

Near the center of the field of view, the output has a small imaginary component, 

as is expected. Moving from the center of the field of view out, the phase error increases 

dramatically. Additionally, the output is significantly blurred everywhere except at the very 

center of the field of view. 
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The goal of this research was to evaluate the use of multiplexed data-acquisition 

concepts in acoustic microscopy. The usual trade that is made between a multiplexed and 

non-multiplexed imaging system is between reduced complexity in one part of a system 

and increased complexity of data processing. For this trade to be successful, it is necessary 

for the benefits to outweigh the costs. In nuclear medicine, most imaging systems are 

multiplexed along the ray because the interior of the body is inaccessible. If an image of 

the inside of a body is desired, the alternatives are exploratory surgery or multiplexed 

data-acquisition. In spectroscopy, signal-to-noise ratios can be dramatically improved 

through the use of multiplexing techniques. Acoustic microscopy is different because 

outstanding, commercially available instruments exist, but they are expensive. 

As a result of this, a multiplexed acoustic microscope must better the commercially 

available scanning acoustic microscopes in some significant manner, while still providing 

good imagery. Hence, emphasis was placed upon eliminating the mechanical scanning and 

keeping the controlling electronics simple. This led to the following requirements: no 

active logic at each transducer intersection and 2n rather than n2 connections for an n2 

field of view. The requirement to measure amplitude and phase of the returned signal (a 

complex quantity) imposes the requirement of a quasi-steady state (QSS) to exist for the 
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detection period. This, along with the need for insonification of the entire field leads to the 

use of stripe transducers (line impulse functions). 

As a result, the concept of two arrays of line sources evolved. A single 

measurement corresponds to a source and detector pair. The requirement for QSS 

precludes the transducers from being so long that the system is linear and shift-invariant; 

rather it is quite shift-variant. This results in the need to manipulate a system matrix that is 

impractical or the use of a shift-invariant approximation that is inadequate. 

7.2 An alternative multiplexed design concept 

The simple idea of using multiplexing to replace mechanical scanning becomes 

complex with processing. There are two potential routes, which may be combined, to 

solve the deficiencies of the MAM concept. One method is to reduce the size of the point 

spread function so that the general, shift-variant matrix can be easily manipulated. The 

second method is to make the system shift-invariant so that inverse filtering techniques are 

applicable. The goal is to improve the image quality while reducing computation time so 

that MAM can be a practical alternative to existing instruments. 

There are various ideas that may be used in attempting to reach the above stated 

goal. Active focusing could be attempted as an example; however, this is equivalent to 

using a lens with a large field of view and will not have the image quality of a scanning 

acoustic microscope - a confocal device. Even if one tried, the electronic phase shifting 

would be extremely difficult to make, if even possible, for the desired frequencies (> 500 

MHz). Again, it is preferable to simply switch energy on or off. 
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Consider that in one dimension the propagation distance relative to the aperture 

dimension in MAM is very short (small Fresnel number), while in the other direction the 

propagation distance is very long (large Fresnel number). Propagation over a distance 

having a small Fresnel number results in very little spread of the beam. Almost as if the 

energy were being guided in one direction. 

The desire for a compact psf is essentially a statement of the desire to confine 

energy to a small region. There are two ways of confining energy to a small region. One 

may direct the energy (e.g. focus) or one may guide the energy. Could an array of columns 

interconnected between two sets of parallel beams be used to conduct sound between 

source, object and detector? The concept is illustrated in Figure 7-1. A column provides a 

single connection between a pair of beams. The psfwould be so small that the system 

matrix would be the identity matrix, like the scanning acoustic microscope. 



Figure 7-1 
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Array of columns. Beams are used on the tops and bottoms of the columns. 
Each pair of beams, taking one from the top and one from the bottom is 
connected by a single column. 
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7.2.1 Wide band microscopy 

The original MAM concept was to operate in an essentially steady-state condition. 

Acquiring a signal with a guided wave device would be equivalent to having an array of 

Fabry-Perot resonators. The signal processing for each resonator is non-trivial. A possible 

alternative is to use an impulse or wide-bandwidth source. Daft & Briggs as well as Kundu 

et al. have demonstrated the ability to estimate the complex impedance, attenuation and 

scatter at an object point using an impulse source. Their results suggest that wide­

bandwidth acoustic microscopy may produce information similar to a V(z) curve. 

7.2.2 Micro-machining of parts 

The concept of a guided wave structure is just that - a concept. It has merit 

because ofthe potential for a small psf and compatibility with wide-band microscopy. The 

fabrication of such a device is a challenge. 

Let us not discount this concept prematurely. Micro-machining technology is 

rapidly advancing. For an example, Figure 7-2, is a scanning electron micrograph of an 

accelerometer manufactured by Analog Devices. The integrated circuit is comprised of a 

sensor and significant standard analog signal processing circuitry on the same device. The 

device is intended as an air-bag deployment sensor for automobiles. The sensor portion of 

the device is a set of interdigital beams of silicon. It is much like a fish backbone that 

moves in one direction between a mating set of fingers. The device acts as a differential 

capacitor. More significantly, the columns are nominally two microns in cross section and 

about 100 microns long. They are suspended on end supports just above and parallel to 
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the semiconductor substrate. The chip sells for about $5/each in quantity. This example is 

merely to suggest that structures with appropriate dimensions are on the horizon. Do note 

that the orientation is not necessarily correct. How to make the overall system is unclear. 





180 

7.3 Finally 

The specific multiplexed acoustic microscope idea evaluated in this dissertation can 

work, but not compete with existing technology. A suggestion to evaluate arrays of 

guided wave structures is made noting that there is some justification for information 

content and the possibility of fabricating the necessary structure. 
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APPENDIX A 

The figures in this appendix are an ordered display of the data-space singular 

vectors for the symmetric MAM described in Section 5.1.3. The singular-value spectrum is 

shown in Figures 5-1 and 5-2. The object-space singular vectors are shown in Appendix B. 

Each page shows the magnitude (top) and phase (bottom) of 16 singular vectors. 

The vectors are displayed in a 2D form in which the row corresponds to a source and the 

column to a detector. Each gray-scale image shows 16 vectors and are read like a book. 

Both the magnitude and phase are scaled for maximum contrast for each individual 

singular vector in a set of 16. 
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APPENDIXB 

The figures in this appendix are an ordered display of the object-space singular 

vectors for the symmetric MAM described in Section 5.1.3. The singular-value spectrum 

is shown in Figures 5-1 and 5-2. The data-space singular vectors are shown in Appendix 

A. 

Each page shows the magnitude (top) and phase (bottom) of 16 singular vectors. 

The vectors are displayed in a 2D form which correspond exactly to the field of view. 

Each gray-scale image shows 16 vectors and are read like a book. Both the magnitude and 

phase are scaled for maximum contrast for each individual singular vector in a set of 16. 
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