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ABSTRACT 

In acoustic imaging there is a tradeoff between resolution and depth of focus. Obtaining high 
resolution requires strong focussing which results in a small focal depth. To achieve good 
depth of focus requires weaker focussing, with a corresponding loss of resolution. In pulse 
echo systems, this may be alleviated to a certain extent by transmitting a weakly focussed 
pulse which remains in focus over the complete depth of interest, and using stronger 
focussing while receiving the echoes. The narrow depth of focus on reception requires that 
the focus be scanned dynamically as the echoes are received. 

Such a focussing scheme may be implemented by using a series of concentric circular 
apertures or rings. The signals sent to and received from each aperture are delayed to 
compensate for the different path lengths from the aperture to the focus point. Previous 
implementations of dynamic focussing have used tapped analogue delay lines to vary the 
delays as signals are received. The delays may also be implemented digitally using A/D 
convertors and digital shift registers. 

The main advantage of the digital implementation are a reduced susceptibility to noise, 
especially noise resulting from analogue switching. A disadvantage is the high sample rate 
required to satisfy the Nyquist criterion and to maintain accurate delays. It is shown that by 
processing the amplitude and phase of the received signals separately, the sample rate may be 
reduced considerably with minimal loss in system resolution. 

INTRODUCTION 

Acoustic imaging is the technique of using sound waves to obtain an image of the spatial 
distribution of the acoustic properties of an object. Since acoustic energy yields a view of an 
object not available with other forms of energy, the exploration of acoustic imaging has 
attracted many researchers working on a wide variety of applications. 

The most common imaging mode using acoustic energy is pulse echo imaging. A single pulse 
of ultrasonic radiation is transmitted and is scattered or reflected back from the various 
inhomogeneities or interfaces between regions of different acoustic properties. These echoes 
are received and the distance each reflecting interface may be inferred from the round-trip 
propagation time of the pulse. This provides one-dimensional depth information. Information 
about the other two dimensions may be obtained by launching a sequence of pulses in a two-
dimensional scanning pattern, allowing a three dimensional image to be built up. 

Resolution in the depth or axial direction is determined by the length of the pulse that is 
transmitted. The lateral resolution depends on the beamwidth of the pulse. The beamwidth 
may be reduced by focussing the pulse. As the degree of focussing is increased, the width of 
the resulting pulse is made narrower and the lateral resolution is increased. However, with 
stronger focussing, the depth range over which the pulse remains in focus is reduced. This 
depth of focus constraint limits the range from which useful information may be obtained. 
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Since only a single pulse is transmitted, this pulse must be weakly focussed pulse so that 
there is sufficient depth of focus to cover the range of interest. However, since multiple 
echoes are received (from different depths), strong focussing may be used while receiving the 
reflected pulses. The depth of focus limitation may be overcome if the focal length is scanned 
to match the depth of the reflecting interfaces (see figure 1). This method of dynamically 
adjusting the focal length is called dynamic focussing. 
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Figure 1: Using weak focussing on transmission and strong dynamic focussing on reception. 

To achieve lateral focussing from a planar transducer, an aperture pattern consisting of a set 
of concentric rings is used. Focussing action is accomplished by inserting time delays in the 
signal feeds to each ring in such a manner that the pulses arrive at the focus point 
simultaneously. A small number of rings is used to transmit a weakly focussed pulse. A 
similar focussing action is used while receiving the echoes. As with transmission, delays are 
inserted into the signal leads from each ring before the signals are added to compensate for 
the different path lengths from the focus to each ring. By dynamically adjusting these delays 
as the echoes are being received, it is possible to scan the focus in the axial direction. By 
scanning the focus in such a manner that the transducer is always focussed at the point where 
echoes are being received from, it is possible to achieve very good lateral resolution. By 
expanding the aperture as the focal length is changed, keeping a constant f number, the 
resolution remains approximately uniform over the complete scan range [1]. 

DIGITAL DYNAMIC FOCUSSING 

Since the path length differences depend on range, and hence time, it is necessary for these 
delays to be time dependent. This dynamic adjustment of the received signal delays results in 
good focussing over the complete depth of interest. It can be shown that the optimum time 
delays (td) as a function of time (t) for each ring are  

td = k - req2/c2t

Where k is a constant to ensure that all delays are positive (hence realizable), req is the 
equivalent radius of each ring, and c is the speed of sound in the medium being imaged. After 
the delays, each the signal from all the rings are summed to give a composite focussed signal 
as shown in figure 2. 

For the rest of this paper, we will assume that the ultrasound frequency is 10 MHz, since this 
is a commonly used frequency in medical imaging applications. 
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Figure 2: Transducer system schematic showing the processing required for dynamic focussing 

The delays may be implemented in analogue electronics by using tapped analogue delay 
lines. A digital implementation is preferred however, since it is less susceptible to noise and 
may be reprogrammed more readily under computer control. This latter point allows the 
range of focus to be altered for use in different applications. Different methods of 
implementing the delays digitally were considered, and these are shown in figure 3. 
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Figure 3: Block diagram of different digital delay schemes: a) full coherent processing; 
b)separate processing of amplitude and phase; c) incoherent processing. 

The difficulty with full coherent processing (figure 3a) is that this requires the A/D convertor 
and digital delay to operate at 50 -100 MHz, an expensive and technically demanding option. 
The reason for the high sample rate is to maintain accurate phase adjustment in the variable 
delays to ensure coherent processing. The signals from each ring, si(t), are essentially 
modulated carriers: 

si(t) = ai(t) sin ωt

where the centre frequency, ω, is approximately 10 MHz and the ai(t) are the relatively slowly 
varying amplitudes. Almost all of the information for each signal is therefore contained 
within the amplitude and the zero crossings (which determine the phase). Since the amplitude 
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is only slowly varying, this may be sampled at a much lower rate, while the phase, given by 
the zero crossings, is still sampled at the higher frequency. The amplitude is recombined with 
the phase signal after the delays. Since the phase signal is ±1, this process is relatively easy. 
The delayed signal is essentially a modulated square wave rather than a modulated sine wave. 

si'(t) = ai(t) sqr(ωt) 
= ai(t) (sin ωt + 1/3 sin 3ωt + 1/5 sin 5ωt + ...)

As the difference between the square wave and sine wave is the presence of odd harmonics, 
the correct signal may be recovered by using a low pass filter. This filtering may be 
performed after the summer (figure 3b) since the summation of the signals from each ring is a 
linear operation. If only the envelope of the summed output is required, then the low pass 
filter may not actually be required since envelope detection is inherently a low pass operation. 
A simpler method of combining the amplitude and phase signals is to multiply the amplitude 
by 1 when the phase is positive and 0 when the phase is negative. This is equivalent to adding 
a DC component to the carrier giving a unipolar signal rather than a bipolar signal: 

si"(t) = 1/2 ai(t) (1 + sin ωt + 1/3 sin 3ωt + 1/5 sin 5ωt + ...)

From this, the original signal s(t) may be recovered by band pass filtering. Again, if the 
summed result is envelope detected, the band pass filter may not be necessary. 

A third alternative (figure 3c) that was considered is to ignore the phase component 
altogether, resulting in incoherent processing. The rationale behind this is that the delays 
bring the signals received by each of the rings from an on-axis reflector into phase. Adding 
the amplitudes is equivalent to adding the signals in phase everywhere. 

It is assumed that the final output is passed through an envelope detector to determine the 
envelope of the echo. Since the signal is reasonably wide band, an RMS envelope detector 
was used in the modelling. For this, the signal is squared, passed through a low pass filter, 
and the square-root taken. 

SIMULATION RESULTS 

To determine the axial and lateral resolution associated with the different processing 
schemes, the operation of the transducer was modelled and simulated. The following 
elements were incorporated into the model: 

• transmitted pulse (an ideal impulse was assumed) 
• transmit delays (a focal length 16 mm for a depth range of 10 mm to 25 mm) 
• transducer response (theoretical receive and transmit frequency responses were used) 
• beam pattern of each ring (derived from Kirchoff’s diffraction formula) 
• absorption within the medium (modelled as a range dependent low pass filter) 
• preamplifier response (a fourth order 8 to 15 MHz bandpass amplifier) 
• receive delays (dynamically adjusted between 0 and 0.5 µs) 
• RMS envelope detection (with a second order 3.3 MHz low pass filter) 

Simulations was performed for a series of test points with different off-axis displacements to 
enable the lateral resolution and sidelobe response to be determined. For each displacement, 
the signals from the individual rings are delayed and summed and the envelope of this 
resultant signal is taken as the system output. A typical transducer output response is shown 
in figure 4. All of the plots show the response relative to the peak.  

To determine the sidelobe response, the maximum value of the envelope output was used for 
each displacement since it is this peak value that interferes the most with other signals. The 
axial resolution for a given range is derived from the time extent of the peak of the envelope.  
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Figure 4: A typical transducer response (15 mm range). 

From the typical response in figure 4, it may be seen that the lateral (off-axis) and axial 
(range) response characteristics are quite different. The axial response consists of a sharp rise 
to the maximum value followed by an exponential decay. There is a smaller secondary peak 
(-65 dB down) at about 3 mm after the main peak. In the lateral response, the sidelobes merge 
together with the nulls being ill-defined. This is particularly noticeable with the first side lobe 
which is virtually completely merged with the main lobe. The reason for the merging is 
primarily because of the wide bandwidth of the signals being used. 

Effective focussing requires that the delays inserted into the signal lines be as accurate as 
possible. When the dynamic focussing is performed digitally, the delays must be an integer 
multiple of the sample period, requiring a sample frequency of up to 100 MHz. The effects of 
reducing the sample frequency were investigated. The 3 dB axial and lateral resolutions for a 
single point object at 15 mm range are listed in table 1. It was found that provided the 
Nyquist criteria is satisfied with the sampling (25 - 30 MHz), the difference in the resolution 
and the shape of the response is negligible. 

 
Sample frequency Axial resolution Lateral resolution 

20 MHz 0.310 mm 0.411 mm 
35 MHz 0.261 mm 0.379 mm 
50 MHz 0.260 mm 0.374 mm 
75 MHz 0.262 mm 0.376 mm 
100 MHz 0.259 mm 0.373 mm 

Table 1: Transducer resolution for different sample frequencies. 

Even with a reduced sample rate of 30 MHz it is still technically difficult to sample the signal 
and dynamically adjust the digital delays. Four dynamic delay schemes were compared (see 
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figure 5) for resolution and side lobe response: the fully coherent scheme with a sample 
frequency of 100 MHz; the fully incoherent scheme where only the amplitudes are combined 
(sampled at 10 MHz); and the two mixed schemes (bipolar and unipolar), sampling the 
amplitude at 10 MHz and the phase at 50 MHz. 
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Figure 5: Sidelobe response for the different processing schemes (15 mm range). 

In the axial response, the signal from the mixed and incoherent processing schemes are 
delayed relative to that from the coherent scheme because of the low pass filter employed in 
the envelope detector to extract the amplitude signal. The most obvious differences, however, 
appear in the lateral responses. With the incoherent scheme, there is no longer the 
cancellation off axis resulting in an increased sidelobe response. The bipolar mixed 
processing scheme gives results very similar to the coherent scheme although the second side 
lobe is about 5 dB higher. It is suspected that this difference results from leaving out the low 
pass filter which filters out the harmonics of the square wave. With the unipolar mixed 
processing scheme, it is suspected that the deterioration in side lobe response also results 
from leaving out the band pass filter since the coherent signal should theoretically be 
recoverable. The low pass filter used with the final envelope detector is not sufficiently sharp 
to remove all of the carrier signal with the unipolar mixed processing scheme. 

To implement the dynamic delays digitally, a form of dual port memory may be used. 
Sampled and digitised data is read into the memory at a constant rate, but it is read out at a 
slower rate. In this way the data may be delayed an appropriate amount, with the delay 
increasing with time.  

CONCLUSIONS 

The incoherent processing scheme is not as useful as the others since the higher sidelobe 
response makes the scheme more susceptible to noise. Since additional filtering is necessary 
for the unipolar mixed processing scheme, it is not considered as useful as the bipolar 
scheme. For the bipolar mixed processing scheme, the response is very similar to that from 
full coherent processing: the axial resolution is 0.30 to 0.33 mm, while the lateral resolution 
varies from 0.35 to 0.42 mm in the range of interest. The reduction in sample frequency for 
the A/D convertor in the mixed processing scheme makes digital dynamic focussing much 
more practical to implement. 
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