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(57) Abstract: An ultrasonic inspection system utilizes a tunable digital filter with 4X interpolation. The system is used for scanning
objects to be tested and includes a transmit/receive device to generate a test signal and receive an echo signal. A signal processing
circuit processes the echo signal with one or more digital to analog converters for converting an analog version of the echo signal
to a digital echo signal in the form of streaming digital data which is stored in a memory. The data is stored at a first data rate and
read out at the second, slower data rate. An averaging decimator receives and processes the data from the memory and supplies it
to an IIR filter and subsequently to an FIR filter and ultimately to a box car filter to effect processing thereon which increases the

perceived resolution of the data by a given factor, preferably by a factor of 4.
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ULTRASONIC DETECTION MEASUREMENT SYSTEM
USING A TUNABLE DIGITAL FIL.TER WITH 4X INTERPOLATOR

CROSS-REFERENCE TO RELATED APPLICATIONS

[0001]  This application claims the benefit and priority of U.S. Provisional patent
application Serial No. 60/726,798 filed October 14, 2005 entitled ULTRASONIC FAULT
DETECTION SYSTEM USING A HIGH DYNAMIC RANGE ANALOG TO DIGITAL
CONVERSION SYSTEM and U.S. Provisional patent application Serial No. 60/726,776,
filed October 14, 2005 entitled ULTRASONIC DETECTION MEASUREMENT SYSTEM
USING A TUNABLE DIGITAL FILTER WITH 4X INTERPOLATOR, and U.S.
Provisional patent application Serial No. 60/726,575, filed October 14, 2005 entitled
DIGITAL TIME VARIABLE AMPLIFIER FOR NON-DETRUCTIVE TEST
INSTRUMENT, the entire disclosures of which are incorporated herein by reference.

BACKGROUND OF THE INVENTION

[0002] The present invention relates to ultrasonic detection and measurement systems
utilized to detect internal structural flaws within an object or material, for example, in such
crucial structures as airline wings, by transmitting ultrasonic pulses to a target object and
analyzing echo signals detected from the target object. The system and method of the
invention also relate generally to systems utilized for applications such as corrosion
measurements, thickness measurements and the like. More particularly, the present invention
relates to a tunable digital filter with a 4x interpolator which has been adapted for such

systems.

[0003] The prior art of ultrasonic flaw detectors is exemplified by such products as the
instant assignee’s Epoch 4 Plus product. Competitive products available from General
Electric are known as the USM 35X, USN 58L and USN 60 fault detection systems. In

general, prior art ultrasonic flaw detectors utilize highly complex analog front ends that



WO 2007/047025 PCT/US2006/037110
2

contain many parts which pose especially difficult problems in terms of calibration,
reliability, set up time, consistency of results and optimization for specific usages and

settings.

[0004] Typical prior art ultrasonic flaw detectors include a transducer which is placed

against the object to be tested and which works in conjunction with numerous analog circuits
such as gain calibrators, preamplifiers and attenuators, voltage gain amplifiers, and high pass
and low pass analog filters that operate over many different frequency bands and which need

to be carefully calibrated and maintained.

[0005] As aresult, present flaw detectors present a host of problems to designers and users
of such equipment, which impact their troubleshooting and repair owing to their complexity.
These problems include such issues as matching input impedances seen by the transducer
which changes with different gain amplifiers that are switched in and out of the signal path.
This adversely impacts the frequency response and introduces various gain nonlinearities. It

poses issues of calibration, as analog circuits are switched in and out of the signal path.

[0006] Another problem with existing flaw detectors is attributable to their back wall
attenuation performance which impacts the ability to detect flaws that are located very near
the back wall of the object being tested. This problem poses particular problems with the
time varied gain function which has a limited gain range and gain rate of change in prior art

devices.

[0007]  Another prior art drawback ensues from the manner in which analog circuits are
coupled, which results in each amplifier in the signal path having different DC offset errors
that must be nulled in order to keep the input signal at the mid-point of the analog to digital
converter being utilized, in order to present a signal level to the converter which matches the
full amplitude scale of such converter. The error nulling processes in the prior art are
therefore unreliable, particularly at high gain, due to DC baseline measurement inaccuracies

caused by noise.
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[0008] The intensely analog implementation of the front ends of existing flaw detectors
poses further issues owing to the need to utilize the entire dynamic range of the instrument

that is being utilized which creates various gain linearity calibration issues.

[0009]  An ultrasonic inspection apparatus of the prior art is described in U.S. patent
5,671,154, which provides background information for the apparatus and method of the

present invention. A tunable digital filler arrangement is described in U.S. patent 6,141,672.

SUMMARY OF THE INVENTION

[0010]  Generally, it is an object of the present invention to provide an apparatus and
method for ultrasonic inspection and measurement of objects which avoid or ameliorate the

aforementioned drawbacks of the prior art.

[0011] It is a further object of the invention to provide an ultrasonic inspection apparatus

and method that is implemented in simpler circuitry.

[0012] Itis a further object of the present invention to provide an ultrasonic inspection
apparatus and method that requires a shorter and simpler process of calibration and

adjustment prior to use.

[0013]  Yet another object of the invention is to provide an ultrasonic inspection apparatus
and method that uses a tunable digital filter with 4X interpolation. In accordance with one
embodiment of the present invention, there is provided an ultrasonic detection system for
scanning objects to be tested wherein the system includes a transmit and receive device to
generate a test signal and to receive a responsive echo signal. A transducer is provided which
converts the test signal to an ultrasonic signal, applies the ultrasonic signal to a target object
to be tested and receives an ultrasonic echo signal and produces the echo signal for the
transmit and receive device. A signal processing circuit coupled with the transmit and
receive device for receiving and processing the echo signal includes one or more digital to
analog converters for converting an analog version of the echo signal to a digital echo signal

in the form of streaming digital data at a sampling clock rate.
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[0014] A memory is provided in which the streaming data is stored at the first data rate
and for which it can be read out at a different, slower data rate. An averaging decimator,
coupled with the memory, is used for applying to the data a low pass filtering function and
the output of the averaging decimator is provided to an infinite impulse response (IIR) filter
that receives data from the averaging decimator and provides an output data to a finite
impulse response (FIR) filter for applying a band pass function to the data. Lastly, a box car
filter interpolates the data received from the FIR filter in a manner which increases the

perceived resolution of the data by a given factor, preferably by a factor of 4.

[0015]  Preferably, the FIR filter is said to provide the frequency selectivity response
which provides a 6 dB low pass filter point which is approximately 6% of the filter clock
applied thereto. The clock rate can be set at any level and préferably is set in a range of
12.5MS/s to 100MS/s (mega-samples per second) or more. The filter may be implemented as
a MAC filter.

[0016]  Other features and advantages of the present invention will become apparent from

the following description of the invention which refers to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0017]  Fig. 1 is block diagram of a basic arrangement of an ultrasonic inspection

apparatus.
[0018]  Fig. 2 is a basic waveform diagram for the device of Fig. 1.

[0019]  Fig. 3 is an overall circuit diagram of a digitally intensive implementation of an

ultrasonic inspection apparatus in accordance with the present invention.
[0020]  Fig. 4 is a block diagram of a tunable digital filter.
[0021]  Fig. 4b is block diagram of a further embodiment of a digital tunable filter.

[0022]  Figs. 4c, 4d, 4e, 4f, 4g, and 4h are block diagrams of six example filter modes that

can be realized with the embodiment of Fig. 4b.
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[0023]  Fig. 5 is an illustration that compares sampled data rate to playback data rate in the

context of the present invention.

[0024] Fig. 6a compares waveforms obtained at different points in the circuit of Fig. 4 for

a 100MS/s filter rate.
[0025] Fig. 6b is a waveform and data diagram for the system of Fig. 6a.

[0026] Fig. 7a compares waveforms obtained at different points in the circuit of Fig. 4 for

a 50MS/s filter rate.
[0027] Fig. 7b is a waveform and data diagram for the system of Fig. 7a.

[0028] Fig. 8a compares waveforms obtained at different points in the circuit of Fig. 4 for

a 25MS/s filter rate.
[0029] TFig. 8bis a waveform and data diagram for the system of Fig. 8a.

[0030]  Fig. 9a compares waveforms obtained at different points in the circuit of Fig. 4 for

a 12.5MS/s filter rate.

[0031] Fig. 9b is a waveform and data diagram for the system of Fig. 9a.

[0032] Fig. 10 is a block diagram of another embodiment of a tunable digital filter.
[0033] Figs. 11 and 12 are waveforms applicable to the embodiments of Fig. 10.
[0034] Figure 13 is ablock diagram of the FIR Filter component of figure 4b.
[0035] Figure 14 is a block diagram of the mult block component of figure 13.
[0036] Figure 15 is a block diagram of the sum block component of figure 13.

[0037]  Figure 16 shows the timing diagrams associated with the operating modes of FIR

Filter shown in figure 13.
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DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS OF THE INVENTION

[0038] Reference is initially made to Figs. 1 and 2, to provide background information on

the general environment of and various problems solved by the present invention.

[0039] In Fig. 1, an ultrasonic transmit-receive unit 10 transmits an ultrasonic pulse
signal 10a at a predetermined period to a probe or transducer 12 which is coupled to a target
object 14, such as to steel material, directly or through a delay material such as water or
quartz. As shown in Fig. 2, the probe 12 converts the trigger pulse signal 12a into an
ultrasonic pulse 10a which it transmits through the target object 14. The ultrasonic pulse 10a
applied into the target object 14 is subsequently reflected by a bottom surface 14a of the
target object 14 and received by the probe 12. The probe 12 converts the reflected wave into
an electrical signal which is supplied as an electrical echo signal 10b to the ultrasonic
transmit-receive unit 10. The ultrasonic transmit-receive unit 10 amplifies the electrical
signal 10b and transmits the amplified signal 11 to a signal processing device 16 as an echo

signal 11.

[0040] The echo signal 11 includes a bottom surface echo 11a corresponding to the wave
reflected by the bottom surface 14a and a flaw echo 11b caused by a flaw 14b in the

object 14. In addition, the frequency of the ultrasonic echo pulse 11 is determined by the
thickness or other property of the ultrasonic vibrator incorporated in the probe 12. The
frequency of the ultrasonic pulse 10a used for inspection is set to tens of kHz to tens of MHz.
Therefore, the frequency range of the signal waveforms of the bottom surface echo lla, and
the flaw echo 11b included in the echo signal 11 cover a wide range of from 0 Hz to tens of

MHz.

[0041]  The signal processing device 16 performs various signal processing of the echo
signal 11 received from the ultrasonic transmit-receive unit 10, and the si gnal processing
device 16 displays on a display unit 18, an output result that represents the presence/absence
of a flaw or flaws. In order to signal process the echo signal 11 and display the echo signal, a
trigger signal S synchronized with the pulse signal 10a is supplied from the ultrasonic

transmit-receive unit 10 to the signal processing device 16.
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[0042]  In the flaw inspection apparatus arranged as described above, the echo signal 11
output from the ultrasonic transmit-receive unit 10 includes, in addition to the bottom surface ’
echo 11a and flaw echo 11b, a certain amount of noise. When the amount of noise included
in the ultrasonic pulse 11 is large, the reliability of an inspection result is considerably

degraded. The noise is roughly classified into electrical noise and material noise.

[0043]  The electrical noise comprises external noise caused by mixing an electromagnetic
wave into the probe 12, the ultrasonic transmit-receive unit 10, connection cables, e. g,
cables 13, or the like, and internal noise generated by amplifier(s) and the like incorporated in

the ultrasonic transmit-receive unit 10.

[0044]  Reduction of the noise included in the echo signal 11 is very important to perform
ultrasonic inspection at high accuracy. Conventionally, an analog filter is used to reduce
noise components included in the echo signal 11. For example, a BPF (Band pass Filter) is
used to pass the frequency component of the ultrasonic echo relative to the electrical noise
having a wide-frequency component. In addition, an LPF (Low-Pass Filter) or a BPF is used
for material noise, recognizing that the frequency distribution of the flaw echo 11b (Fig. 2) is
lower than that of the echo produced by signal scattering. In this manner, when an analog
filter is used, noise components included in the echo signal 11b can be reduced to a level

equal to or lower than a predetermined level.
\

[0045]  TItis generally known that the frequency distribution of a flaw echo signal changes
based on the ultrasonic attenuation characteristics of the target object 14. Therefore, when a
BPF is to be used for material noise represented by a scattered echo or the like, a filter having
optimal characteristics is desirably used in accordance with the target object 14. However,
since the passing frequency characteristic of the analog filter cannot be easily changed, a
larger number of filters, having different passing frequency characteristics corresponding to
the different ultrasonic attenuation characteristics of the various materials associated with
target objects 14 must be prepared. In this manner, when different filters are used in
accordance with the material characteristics of target object 14, practical difficulties occur in
consideration of operability or economic advantages versus the cost and complexity of the

overall system.
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[0046] In some cases, the flaw echo 11b may be very close to the front surface 14c of
target object 14 which will place it in close proximity to the trailing edge of transmitted
pulse 10a. For this reason, it is desirable for the end of the trailing edge (magnified as trailing
edge 10at in Fig. 3) of the transmitted pulse 10a to settle to the zero base line 10ab as quickly
as possible in order not to interfere with the returning flaw echo 11b. The settling time to the

zero base line 7a is a determining factor of a flaw detector's near surface resolution.

[0047] Considering that the gain of the ultrasonic transmit-receive unit 10 can be adjusted
up to 110dB (as required by European standard EN 12668-1), a small amount of base line
error prior to a gain amplification stage in the ultrasonic transmit-receive unit 10 will cause a

large error at the output of the gain amplification stage if the gain level is set too high.

[0048] The resulting base line error at the input to the signal processing device 16 will

either:

(a) cause the dynamic range to be reduced because the maximum vertical
displacement of the signal on the screen will be reduced by the amount of offset of the base

line, which produces a reduction in the instrument's sensitivity to detecting flaw echoes, or

(b) if sufficiently high in amplitude, cause a gain amplification stage, or gain

amplification stages, to saturate, thereby preventing an echo signal from being detected at all.

[0049] Conventionally, the base line error problem described above is addressed in one of
two ways. In accordance with a first approach, a HPF is used in the signal path of the input
of ultrasonic transmit-receive unit 10 in order to filter out the low frequency content of the
trailing edge 10at of the transmitted pulse 10a. The trailing edge 10at of the transmitted
pulse 10a can be improved by the HPF as is indicated by the approximated dotted line 7c.

[0050] However, the effectiveness of the HPF solution is limited in several manners.
First, the HPF cutoff frequency (f HPF -3dB) must be as high as possible to minimize the low
frequency content of the trailing edge 10at of the transmitted pulse 10a. For example, if the
excitation frequency of probe 12 is 10MHz and the f HPF -3dB is 5MHz, the undesirable

effect on the receiver base line is greatly reduced.



WO 2007/047025 PCT/US2006/037110

[0051]  Unfortunately, it is not uncommon to use an excitation frequency for probe 12 as
low as 500 kHz which would require the f HPF -3dB to be below 500 kHz. The HPF solution
loses much of its effectiveness in this frequency range because an undesirable amount of the
low frequency content of the trailing edge 10at of the transmitted pulse 10a is allowed to pass

through the HPF and contribute to base line error.

[0052]  Secondly, the maximum amplitude of the transmitted pulse applied to a first
amplifier stage (not shown) of ultrasonic transmit-receive unit 10 is limited (clamped) to a
few volts in order to prevent damage to the amplifier circuit. It is common to operate the gain
of the ultrasonic transmit-receive unit 10 at a level that will cause the amplifiers to saturate
every time the pulser is fired. If the filters are not critically damped, the filter response after
coming out of saturation will cause the trailing edge of the transmitted pulse 10a to be worse
than if no filtering was applied. It is possible for each manufactured instrument to have the
numerous filters tuned to ensure critical damping; however, practical difficulties occur in

consideration of manufacturability and long term temperature drift of the filter components.

[0053] It should also be noted that once an amplifier goes into saturation, it takes a

significant amount of time for the amplifier to return to the linear region of operation. This
causes the trailing edge of the transmitted pulse 10a to take more time to return to the zero
base line than would be the case if the amplifier input signal remained below the saturation

level (i.e. within the linear range of operation).

[0054]  An alternate method used to address the base line error problem is to directly
couple the clamped transmitted pulse 10a to the input of ultrasonic transmit-receive unit 10.
This method avoids one of the problems described above, because no HPF or BPF filters are

used.

[0055]  The effectiveness of the direct coupling solution is limited in two ways. First, it
does nothing to reduce the low frequency content of the trailing edge 10at of the transmitted
pulse 10a. Secondly, the DC component of the base line error and the offset errors of the

amplifiers of the ultrasonic transmit-receive unit 10 pass through the signal path and are
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amplified. This can cause various dynamic range and saturation problems described further

on.

[0056]  Conventionally, flaw detectors have provisions that allow the user to operate the
instrument either with filters or through direct coupling in order to select the optimal setting

for the flaw measurement scenario.

[0057]  Referring now to Fig. 3, the transducer 12 has its output 13a provided directly to
only two preamplifiers 110 and 112, but the latter amplifier feeds a third amplifier 122. The
signals of these amplifiers are processed, respectively, in frequency response trim and filter
blocks 116, 118 and 120 and subsequently provided along the three channels A, B, C to
differential amplifier drivers 126, 128 and 130. The analog signals along the three channels
are then provided directly to A/D converters 132, 134 and 136, respectively, whose digital
outputs in turn are then supplied to the field programmable gate array 140, which
incorporates a control and storage block 142, a digital logarithmic integrator time varied
gain 146, and a measurement gate detection and composite A-scan compression circuit 152.
This FPGA 140 works in conjunction with the DSP 160, which provides its signal to the
display 18.

[0058]  With reference to the field programmable gate array 140 of Fig. 3, attention is now
directed to Fig. 4 which implements a portion thereof, including its real time sample data

contro] and storage, filtering function and interpolating functions.

[0059]  Preliminarily, it is noted that the block diagram of Fig. 4 effectively provides a
tunable digital filter with adaptable sampling rates that are dependent on the pass band
settings of the device. The device is intended for use in ultrasonic and eddy current industrial

test instruments.

[0060]  The definition of the terms below applies to the embodiments of the present

invention described in this document:

Sample data: The output data produced by an analog to digital converter system
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Sample rate: The rate at which sample data was sampled by an analog to digital
converter, expressed in MS/s. The sample rate is considered a property of this data

and is equivalent to 1/(time period assigned to each sample value).

Effective sample rate: The sample rate of data that is derived from the sample data
provided at the output of the analog to digital converter, expressed in MS/s. The
effective sample rate is considered a property of the data and is equivalent to

1/(time period assigned to each sample value).

Sampling rate: The rate at which an analog to digital converter samples its input

signal, expressed in Million cycles per second (MHz).

Data transfer rate, transfer rate, or data rate: The rate at which data is moved

from one stage of the signal processing path to the next, expressed in MHz.

Data processing rate or processing rate: The rate at which data is processed at a

specific location within the signal processing path, expressed in MHz.

[0061] The interpolator part of the invention creates an effective sample rate of 400MS/s
for frequencies below the Nyquist frequency (S0OMHz) while using only 100MS/s A/D

converter sample data.

[0062] Existing Flaw Detector products, such as the instant assignee’s Epoch 4 Series,
have an interleave function that effectively increases the A/D converter sample clock

resolution by performing two successive measurement cycles.

[0063] An undesirable effect due to interleaving occurs when the transducer probe and
object being inspected are in motion relative to one another. To obtain an accurate
measurement result during interleaving, the ultrasonic measurement event must be repeatable.
Therefore, the placement of the transducer probe with respect to the object being tested must

be as unchanged as much as possible during the interleave period.
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[0064] In anovel manner, the approach of the present invention achieves an effective 4x
increase of the sampling rate above the A/D converter sampling rate without the need for

multiple measurement cycle interleaving.

[0065]  With further reference to Fig. 4, the RAW RAM 205 basically corresponds to the
element 142 in Fig. 3 and constitutes the device that stores the data from the analog to digital
converters, such as the converters 132, 134, 136 of Fig. 3. The RAW RAM 205 can store and
playback data, at a data transfer rate of 100 MHz. Operating at clock rate of, for example,
25MHz, data read from RAW RAM 205 is fed to averaging decimator 206, which receives an
enable signal 201 and provides sample or effective sample data, depending on whether
averaging decimator 206 is disabled or enabled, respectively, to an IIR (Infinite Impulse
Response) filter 207 which filters the data based on a filtering function defined by operator
settable values stored in IIR coefficient registers 202. As shown in Figure 4b, it is within the
purview of the invention that averaging decimator 206 precede RAW RAM 205, and RAW
RAM 205 provide its output to IIR filter 207. This infinite impulse response type filter
operates at a rate which is determined by a filter clock 212 which is enabled by a filter clock

enable 211 and provides the gated filter clock 216 to the IIR filter 207, as shown.

[0066] A finite impulse response (FIR) filter 208 provides a further filtering function that
is shaped and defined by data stored in FIR coefficient registers 203. The FIR filter 208
operates synchronously with the IIR filter 207. A box car filter 209 receives sample data
from the FIR filter 208 and provides its data output in the form of data 215. The box car
filter 209 operates at the rate of the filter clock 212 and is further controlled by a box car
depth signal 213 as shown.

[0067]  Thus, the circuit of Fig. 4 filters digital data while providing optimal filter response
and while requiring minimal digital hardware in the form of logic gates, gate arrays, and the
like. The minimization of the digital hardware reduces the size and cost required for the
FPGA (field programmable gate array), and provides power consumption reductions. Low
power consumption is important for achieving a longer battery life in portable instruments.
Further, the invention also reduces part count considerably and improves pass band frequency

control as compared to the analog filter implementation.
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[0068] The invention includes provisions for:

a) ‘playing back’ sample data 204 (DATA_IN) from the RAW RAM 205 at one
fourth the 100 MS/s A/D converter sampling rate, resulting in a data transfer rate from
RAW RAM 205 of 25 MHz.

b) interpolating data entering the Box Car Filter 209 to maintain a constant 400 MS/s

effective sample rate.

[0069] The interpolator contained within the invention allows the use of lower frequency
filter clock 212 (100 MHz) than would be required by conventional digital filter
implementations. The use of a lower frequency filter clock also reduces power consumption

because power consumption is directly proportional to clock speed.

[0070] In accordance with one aspect of the invention, the optimal frequency selectivity
response for FIR low pass filter 208 is achieved when the relationship between the -6dB

frequency (f LPF-6dB) and filter clock frequency 12 (FILTER_CLK) is:
f tproap < 10% of FILTER_CLK [EQUATION 1]}

[0071]  The relationship expressed in EQUATION 1 is based on the topology of the FIR
filter used in the described embodiment of the invention which is a symmetrical 32 tap MAC
filter with 32 coefficients. This is a desirable topology because it provides very good
frequency selectivity response with only sixteen digital hardware multipliers and moderate
memory capacity. Only sixteen digital hardware multipliers are required for the 32

coefficients because each of the 16 values is used twice in a symmetric FIR filter.

[0072]  As described above, the digital output signal of a 100 MS/s A/D converter such as
of any of the converters 132, 134, 136 (Fig. 3) is connected to a digital logic circuit (not
shown) that transfers DATA IN 204 to RAW RAM 205 at a rate of 100 MHz. The
continuous transfer of sample data from RAW RAM 205 to Averaging Decimator 206 is
synchronously controlled by CLK 25M 210, at a 25 MHz processing rate. It is important to

note that the 100 MS/s A/D converter runs in a burst mode for only a fraction of each
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measurement period (e.g. 200 u seconds out of 1 ms). Therefore, the post processing
apparatus has sufficient time to process all the data continuously with no data buffer

overflows.

[0073] Fig. 5 illustrates the effective difference in time scale between the 100 MS/s
sample data 220 and the same data 222 played back from RAW RAM 205 at a 25 MHz data
transfer rate. The sample data shown in Fig. 5 as data points 220 and 222 are identical except

for the rate at which they are processed.

[0074] This data play back concept sets the foundation for the use of a variable Filter Rate
clock to maintain as close as possible the relationship expressed in the aforementioned

EQUATION 1 (repeated below for convenience)
f 1preas < 10% of FILTER_CLK [EQUATION 1].

[0075]  This concept achieves a 400 MS/s effective sample resolution with only 100 MS/s

A/D converter sample data and 100 MHz maximum data processing rate.

[0076] Implementation details of IR Filter 207 and FIR Filter 208 are described below.

[0077]  Asis known, a second order IIR filter works with the following equation:

Doutn] = (Din[n]*A0) + (Din[n-1]*A1) + (Din[n-2]*A2) + (Dout[n-1]*B1) + (Dou[n-2]*B2)
With AQ, A1, A2, B1, and B2 representing the filter coefficients.

[0078] These five coefficient values are calculated by software and loaded into the
registers to tune the IIR filter 207 to create a variable frequency, 2nd order high pass filter. In
this way, the IIR filter will be tunable to allow the end user to build (in concert with the FIR
filter section) an extremely divergent range of filter characteristics required for various

applications.

[0079]  The following formula should be used to generate the five IIR filter coefficients:

c = sqrt(3) * (sqrt(2 - 0.75) - 0.5);
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Fc=0.5 - (c * Fo/Fs);
wo = tan(rw * Fc);

K1 =3 * wo;
K2 =3 * (wo)2;

A0=K2/(1+KI1+K2);

Al =-(2* AO);

A2 =A0;

Bl=-2*A0* (1/K2 - 1));
B2=1-(A0+ Al + A2+ Bl);

where,
¢ = 3dB cutoff correction factor
Fo = desired -3dB cutoff frequency
Fc = "corrected" -3dB cutoff frequency
AQ, A1, A2,B1,B2 =T1IR filter coefficients

[0080]  Asis further known, a FIR works by digitally convolving the input data with the
32 filter coefficients (each of the 16 input values is used twice in a symmetric FIR). The 16
filter coefficient values are calculated and loaded into registers by software to specify the -
6dB roll off point(s)of the low (band) pass filter. In this way, the FIR filter will be tunable to
allow the end user to build (in concert with the IIR filter section) an extremely divergent

range of filter characteristics required for various applications.

[0081] Depending on the sixteen coefficient values loaded, the FIR filter can function as a

band pass or low pass filter. The calculations for these coefficients are listed below.

[0082] To put the FIR in low pass mode, the following formula should be used to generate
the coefficients:

n = -((32-1)/2):1:((32-1)/2);

filter_imp_resp [n] = sin(2*n*F/Fs*n) / (x * n);

coef [n] = filter_imp_resp * win;

coef = coef / sum(coef);

where,
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F, = desired -6dB Frequency in MHz
F; = Filter sampling frequency in MHz

win = hamming window coefficients

[0083]

generate the coefficients:

To put the FIR into band pass mode, the following formula should be used to

n = -((32-1)/2):1:((32-1)/2)
filter_imp_resp = (2*sin(n*((Fu-FL)/Fy*n) .* cos(w*((Fg+FL)/Fs)*n)) ./ (m*n)

coef = filter_imp_resp .* win
fo=(®Fu+FL)/2)/ Fs/2)
coef = coef / abs(exp(~j*2*m*(0:taps-1)*(fo/2))*(coet."))

where,

Fy = desired high limit cutoff (-6dB) frequency in MHz

F = desired low limit cutoff (-6dB) frequency in MHz

F, = Filter sampling frequency in MHz

win = hamming window coefficients

[0084]
be defined by:

win[0] = 0.08
win[3] = 0.16245
win[6] = 0.38024
win[9] = 0.6553
win[12] = 0.88903
win[15] = 0.99764
win[18] = 0.9422
win[21] = 0.74258
win[24] = 0.47034
win[27] = 0.22308

win[30] = 0.089416

win[1] = 0.089416
win[4] = 0.22308
win[7] = 0.47034
win[10] = 0.74258
win[13] = 0.9422
win[16] = 0.99764
win[19] = 0.88903
win[22] = 0.6553
win[25] = 0.38024
win[28] = 0.16245
win[31] = 0.08

For both cases (band pass and low pass) the hamming window coefficients should

win[2] = 0.11728
win[5] = 0.29668
win[8] = 0.5633
win[11] = 0.82157
win[14] = 0.9789
win[17] = 0.9789
win[20] = 0.82157
win[23] = 0.5633
win[26] = 0.29668
win[29] = 0.11728
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[0085] In anovel manner, the method of the invention processes the the data before it
enters IIR Filter 207, adjusts the filter rate via FILTER CLK 212, and deploys novel
processing of the data in Box Car Filter 209 after it leaves the FIR filter 208.

[0086] The box car filter 209 is simply a device that produces a rolling average of variable
depth on the data. Its purpose is to up-sample (through straight line interpolation) the data
coming out of the FIR and IIR filter stages to provide an output sample rate of 400 MS/sec,

regardless of the filter rate.

Depth Equation Sample Frequency Delta
1 data[n] = data[n] x1
2 data[n] = (data[n] + data[n-1])/2 x2
4 data[n] = (data[n] + data[n-1] ... + data[n-3] )/ 4 x4
8 data[n] = (data[n] + data[n-1] ... + data[n-7] ) / 8 x8

[0087] The appropriate depth will be selected to maintain an output sample rate of
400MS/s regardless of the sample frequency used for the FIR and IIR filters. This will allow
a constant interpolation rate of 4:1 while still providing the greatest range of possible cutoff

frequencies.

[0088] The decimator 206 will only be enabled when a filter rate of 12.5 MHz is selected.
When DEC IN 201 is enabled, every pair of data points will be averaged together and held
for both read cycles. The FIR and IIR filters 207 and 208, operating at a rate of 12.5 MS/s,
will then read every other data point, effectively reducing the sample rate of the data by two.
This method allows for improved preservation of the original signal compared to traditional

decimation.

[0089] The following describes the behavior of the Two Point Averaging Decimator 206:
When DEC_ IN 201 is enabled:

data[0] = data[1] = (data [0] + data[1]) / 2

data[2] = data[3] = (data [2] + data[3])/ 2

data[4] = data[5] = (data [4] + data[5])/ 2

and so on...
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When DEC_ IN 1 is disabled:
Data[n] = data[n]

[0090] Referring to Figs. 6a through 9b, for simplicity, all waveforms shown in the
various figures are in the pass-band of the filters. Therefore, no out-of-band frequencies are

shown in the waveforms.

[0091] The following are descriptions of how the invention operates at each filter
processing rate setting. For all filter rate settings, the data transfer rate from RAW RAM 205
to Averaging Decimator 206 is 25 MHz. The BOX CAR filter 209 output data rate is 100
MHz. These rates do not change as the filter rate 216 is changed. The oversampled
400MS/S output data_out 215 from BOX CAR filter 209 is an effective sample rate because
it is derived from the 100MS sample data provided from the analog to digital converter. The
present inventor recognizes that the ratio between the A/D Converter sampling rate and the
output data transfer rate of RAW RAM 205 may be other than 4:1 in order to realize the

preferred embodiment with different filter performance parameters.

[0092] In Figs. 6a, 7a, 8a and 9a, waveforms are shown with sample points that line up
vertically in order to clearly show the data processing effect at each stage of the signal
processing chain. The preferred embodiment of the invention would actually have one to
several 100 MHz clock delays between subsequent waveforms, thereby causing the

. waveform sample points to be shifted to the right (not shown) as the sample data passes

through the signal processing chain.

[0093] In Figs. 6b, 7b, 8b and 9b, processing delays between successive digital signals are
shown on the timing diagrams. However, the magnitude of the delays may not match the

actual delays of the preferred ebodiment of the invention.
[0094]  Figs. 6a to 9b present four scenarios (a) to (d) described below.

[0095] (a) Effective 400 MS/s Sample Rate with filter rate 216 set to 100 MHz



WO 2007/047025 PCT/US2006/037110
19

[0096]  As can be seen from Figs. 6a and 6b, the output register of Averaging Decimator
206 is updated at a rate of 25 MHz. When Filter_Rate 216 is set to 100 MHz, IIR Filter 207
reads the data from the output register of Averaging Decimator 206 four times for every 25
MHz cycle. Therefore, the same A/D converter data point is read four times resulting in
signals 232 and 2060ut in Figs. 6a and 6b respectively. This causes the sample data entering
IIR Filter 207 to have an effective sample rate of 400 MS/s. The ‘stair step’ shape of the

~ waveform 232 shown in Fig. 6a is smoothed when it passes through FIR Filter 208 resulting
in DATA OUT output 215. The output c;f FIR Filter 208 is passed through Box Car Filter
209 unchanged because BOX CAR_DEPTH 213 is set to 1 (refer to Fig. 6b, equation 215a
for the Box Car).

[0097] b) Effective 200 MS/s Sampling Rate with filter rate 216 set to 50 MHz

t0098] As can be seen from waveform 251 of Fig. 7a and waveform 206out of Fig. 7b, the
output register of Averaging Decimator 206 is updated at a rate of 25 MHz. When Filter Rate
216 is set to 50 MHz, IIR Filter 207 reads the data from the output register of Averaging
Decimator 206 two times for every 25 MHz cycle. Therefore, the same A/D converter data
point is read two times resulting in Fig. 7a, waveform 252 and Fig. 7b waveform 2060ut.

This causes the sample data entering IIR Filter 207 to have an effective sample rate of 200
MS/s. The ‘stair step’ shape of the waveform shown in Fig. 7a waveform 252 is smoothed
when it passes through FIR Filter 208. The output of FIR Filter 208 is then passed through
Box Car Filter 209 to increase the effective sample rate of DATA_OUT 215 to 400 MS/s.
The BOX CAR_DEPTH signal 213 is set to 2 (as shown in Fig. 7b, equation 215b).

[0099] c) Effective 100 MS/s Sampling Rate with filter rate 216 set to 25 MHz

[0100] Ascan be seen from Fig. 8a waveform 261 and Fig. 8b waveform 2060ut, the
output register of Averaging Decimator 206 is updated at a rate of 25 MHz. When Filter Rate
216 is set to 25 MHz, IIR Filter 207 reads the data from the output register of Averaging
Decimator 206 once every 25 MHz cycle. Therefore, the same A/D converter data point is
read once resulting in Fig. 8a waveform 262 and Fig. 8b waveform 206out. This causes the

sample data entering IIR Filter 207 to have an effective sample rate of 100 MS/s as can be



WO 2007/047025 20 PCT/US2006/037110

seen from Fig. 8a waveform 262. The output of FIR Filter 208 is then passed through Box
Car Filter 209 to increase the effective sample rate of DATA_OUT 215 to 400 MS/s as can
be seen from waveform 263 of Fig. 8 a. The BOX CAR_DEPTH 213 is set to 4 (refer to Fig.
8b, equation 215c¢ for the Box Car).

[0101] d) Effective 50 MS/s Sampling Rate with filter rate 216 set to 12.5 MHz

[0102]  As can be seen from Figs. 9a and 9b, the output register of Averaging Decimator
206 is updated at a rate of 25 MHz. The DEC_IN signal 201 enables Averaging Decimator
206 to average every pair of data points coming from RAW RAM 205 and holds the results
in the output register for two read cycles. When Filter_Rate 216 is set to 12.5 MHz, IIR Filter
207 reads the data from the output register of Averaging Decimator 206 once every other 25
MHz cycle. Therefore, the average of every other A/D converter data point is read once
resulting in Fig. 9a waveform 272 and Fig. 9b waveform 206out. This causes the sample data
entering IIR Filter 207 to have a sample rate of 50 MS/s as can be seen from Fig. 92
waveform 272. The output of FIR Filter 208 is then passed through Box Car Filter 209 to
increase the effective sample rate of DATA_OUT 215 to 400 MS/s as can be seen from
waveform 273 of Fig. 9 a. The BOX CAR_DEPTH 213 is set to 8 (as shown in FIG. 9b,
equation 215d for the Box Car).

[0103] An alternate embodiment that achieves the aforementioned benefits of the present
invention is described below by reference to the block diagram shown in Fig. 10. The key

differences between the present and the alternate embodiment are:

[0104] a) the alternate embodiment can change the effective sample rate over a much
wider range with very fine resolution as compared to the prior embodiment that uses a

decimating method that divides the 100MS/sec sample data by binary divisors.

[0105] b) the alternate embodiment does not change the filter rate to control the IIR and
FIR frequency response. Instead, the IIR and FIR filter rate is controlled by Flow Control
Logic 322 that moves the data through the data path as needed, the FIR frequency
response being controlled by the changing the effective sample rate of the data entering

the FIR filter and the coefficients of the IIR and FIR filters.
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[0106] <¢) the alternate embodiment includes a second rate adjuster 321 that takes the
output of the FIR filter 320 and adjusts the data rate to provide only the data required to
generate various display modes, such as rectification and gates, and fill the selected

display range.

[0107]  With further reference to Fig. 10, the RAM 302 basically corresponds to the
element 142 in Fig. 3 and constitutes the device that stores the sample data from the analog to
digital converters, such as the converters 132, 134, 136 of Fig. 3. For simplicity, analog to
digital converter 301 in Figure 10 represents converters 132, 134 and 136 of Fig. 3, or any
other converter, not shown. The RAM 302 can store and playback data, at data transfer rates
of 100 MHz. Continuing with Fig. 10, Multiplier 303 is used to scale the data provided by
output 301a of analog to digital converter 301 to match the sample amplitude resolution
required at input 303a of IIR Filter 304 which filters the sample data based on a filtering
function defined by operator settable values stored in ITR coefficient registers, not shown.
This infinite impulse response, IIR, type filter 304 operates at the same rate as the data

transfer rate from RAM 302 which is determined by Flow Control Logic 322.

[0108] A novel aspect of the alternate embodiment is Sample Rate Adjuster 326 that
creates an effective sample rate depending on the setting of a parameter identified as Output
Rate Adjust 323 that is loaded into Rate Register 324. The sample rate created by Sample
Rate Adjuster 326 will be referred to as the ‘effective’ sample rate to distinguish it from the
‘actual’ sample rate of analog to digital converter 301. Sample Rate Adjuster 326 effectively
resamples the actual input sample data to create effective sample data with time values that
fall between data points of the input stream. By computing new data that have a different
time interval than the input data stream, a new data rate is created—i.e. the effective sample
rate. The resampled data rate is adjusted by a ratio that is variable over a wide range with
very fine effective sample rate resolution. By changing the sample rate, the total number of

points in the output data stream of Sample Rate Adjuster 326 is also adjusted.

[0109] Fig. 11 is illustrative of how the function of Sample Rate Adjuster 326 produces
an effective sample rate. Points sO through s10 on waveform 400 represent real sample point

measurements of a 15 MHz input signal produced by analog to digital converter 301 that
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have been stored in RAM 302, subsequently processed by Multiplier 303, and then IIR Filter
304 before being provided as input to Sample Rate Adjuster 326. Waveform 401 consists of
effective sample points m0 through m12 that were created by means of Sample Rate Adjuster
326 to appear to be at a higher sample data rate than the real sample data s0 through s10 that
it is derived from. Example waveform 401 shown in Fig. 11 results from a Sample Rate
Adjust value of 0.8 being loaded into Rate Register 317 of Fig. 10, causing real sample rate
data sampled at 100MS/sec to be converted in to effective sample data of 125MS/sec. The
100MS/sec and 125MS/sec data corresponds to samples sO through s10 and m0 through m12
respectively. The reference time line increments for waveforms 400 and 401 are 10ns and 8ns

for 100MS/sec and 125MS/sec respectively.

[0110] For illustration of how effective sample point amplitudes are determined, Figure 12
shows an excerpt from waveform 400 of Fig. 11 that contains four contiguous real sample
points s7, 88, s9 and s10. The curvature of the line segment that connects s8 and s9 must be
accurately interpolated to generate useful effective sample data. The fractional part of the
value loaded into Rate Register 317 determines the specific point on the time axis between
real sample points s8 and s9 that the amplitude will be calculated for. To this end, sample
points s7, s8, s9 and s10 are multiplied by the coefficients a, b, ¢ and d respectively provided
by table 319, and then summed by summer 315. Coefficients a, b, ¢ and d from Table 319 are
provided to multipliers 308, 310, 312 and 314 respectively. The coefficients are derived for a
4™ order polynomial to calculate the location of the points that lie on the waveform segment
between s8 and s9. A 4™ order polynomial is only used as an example, as the present inventor
recognizes that polynomials of different orders may be used depending on the accuracy

required for interpolation.

[0111]  Thus, the input signal 300 is converted to a digital signal 301a in an A/D 301 and
supplied to the RAM 302. The output 302a of the RAM is provided to the multiplier 303
which also receives another input 327 and provides its own output 303a to IIR filter 304

which supplies its initially filtered output 304a to the sample rate adjuster 326.

[0112] The sample rate adjuster 326 provides its output 315a to the FIR filter 320, which

corresponds to the previously described FIR filter of the prior embodiment. As already
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noted, the sample rate adjuster 326 changes the number and locations of data points in the
original data. To account for that initial data adjustment, the output rate adjuster 321, which
receives the FIR filter output 320a produces a readjusted data output 321a, which is based on
data provided through input 325a from accumulator 325 and control information 322¢ from

flow control logic 322.

[0113]  The output 322c¢ is based on information 325b provided from the accumulator 325
to the flow control logic 322, as well as from information 318b, which is provided to flow
control logic 322 from accumulator 318, which produces integer based information that is
controlled by sample rate adjust parameter 316 provided to the rate register 317 in the form of
an output 317a, based further on input 322a from the flow control logic 322. An output rate
adjust setting 323 is provided to the rate register 324.

[0114]  The adjustments provided by the sample rate adjuster 326 are calculated based on
coefficient data 319a throngh d provided from the Table 319 based on the fractional data

information 318a provided from the accumulator 318 to the sample rate adjuster 326.

[0115]  The sample rate adjuster receives the inputs 319a through d and uses those
coefficients in conjunction with registers 305, 306 and 307 that provide respective outputs
305a, 306a and 307a, to respective multipliers 310, 312 and 314. Multipliers 308, 310, 312
and 314 produce respective outputs 308a, 310a, 312a and 314a to the summer 315 that

produces the aforementioned output 315a.

[0116]  Ultimately, the circuit block 322 which consists of a rectifier, gates, compressor

and A-scan RAM and the like, produces the output for the aforementioned display.

[0117]  As presented above, Fig. 4 illustrates a first embodiment of a di gital tunable filter,
and Figs. 10, 11 and 12 a second embodiment. As described below, Fig. 4b describes a third
embodiment which is operable in different modes as described below with reference to Fi gs.
4c, 4d, 4e, 41, 4g and 4h. Sub-blocks that are bypassed or disabled do not appear in these

figures in order to make them easier to understand. The sample data rate and data processing

rate are shown at each node along the signal processing path and are expressed in the units
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MS/s and MHz, respectively. Note that fig. 4b does show all bypass multiplexers (MUX’s),

enable signals and associated logic.

[0118] Referring to figure 4b, the third embodiment differs in the following ways from the

first embodiment described previously relative to figure 4:

[0119] a) Averaging decimator 401 is located prior to the input of RAM 402, thereby
increasing the memory data depth when averaging decimator 401 is enabled. The
averaging decimator takes every two contiguous sample points, adds them together, and

then divides by two, resulting in one data sample derived from two.

[0120] Db) Mux’s 402, 405 and 407 are used to control the enabling of averaging
decimator 401, IIR Filter 404 and FIR Filter 408, respectively. The first embodiment
utilizes a different method to enable averaging decimator 206, IIR filter 207 and FIR filter
208 that uses DEC_EN signal 201, FILTER_RATE signal 216 and FILTER_RATE
signal 216, respectively.

[0121] c¢) Clock signals are not shown because a global clocking scheme is used. The
presence of clock signals is implied, but not explicitly shown. The difference between the

depiction of Box Car Filter 209 of figure 4 and Box Car Filter 409 is an example of this.

[0122] d) FIR Filter 408 switches its coefficients ‘on the fly’ by time multiplexing the

coefficients loaded into a shared set of multipliers.

[0123] In Fig. 4b, averaging decimator 401 has same function as that of averaging
decimator 206 in figure 4 of the first embodiment, except that its location in the signal path is

different, as described earlier.

[0124] Sample DATA_IN 400 is provided to the input of averaging decimator 401
wherein the average of every pair of contiguous data samples is calculated and provided to its
output. Accordingly, the effective sample rate of the output of averaging decimator 401 is
one-half that of DATA_IN 400. For example, if DATA_IN 400 was 100 MS/s, the output of

averaging decimator 401 would have an effective sample rate of 50 MS/s.
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[0125]  The MUX 402 allows either output 401a of averaging decimator 401 or DATA_IN
400 to be selected as the input provided to RAM 403. MUX 402 is controlled by
AVG_DEC_EN signal 410. The RAM 403 has same function as that of RAW RAM 205 in

figure 4 of the first embodiment.

[0126]  The purpose of IIR Filter 404 is to provide high pass filtering functions that cannot
be realized in FIR Filter 408.

[0127] IR Filter 404 can be switched in and out of the signal path by means of MUX 405
which is controlled by ITR_EN signal 411. This switching capability provides the following
two types of band pass filtering methods:

[0128] 1) Narrow band pass filter (NBPF):

As shown for the filters of figures 4d and 4f, IIR Filter 404 is bypassed and FIR

Filter 408 alone is used for the band pass filtering function.

[0129] 2) Wide band pass filter (WBPF) and filters with a very low high pass -3dB

corner f frequency:

As shown for the filters of figures 4c, 4e, 4g and 4h, IIR Filter 404 is used as the
high pass filter and FIR Filter 408 is used as the low pass filter.

[0130] A primary benefit of this IIR filter design topology is the minimization of required
processing speed and digital logic, including multipliers, which would otherwise be required
in FIR Filter 408 to achieve comparable filter performance. The benefits of this are lower
power and the possibility of using less PCB space due to a smaller FPGA (Field
Programmable Gate Array) package size. Both of these benefits allow smaller size and lower

material cost.

[0131] IIR Filter 404 is based on a 2™ order filter using the direct form I realization as is
known to those skilled in the art of digital filter design. The only significant difference with
respect to this standard realization is that three of the numerator multipliers are replaced by

shift registers to approximate the required coefficients. Shift registers require much less gate
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Jogic to implement than multiplier functions, hence they are preferable to use in terms of

power consumption, miniaturization and lower material cost.

[0132] Due to the fact that IIR Filter 404 is only used for high pass filtering, numerator
coefficients are needed only to normalize the gain through the filter. The gain error associated
with using the aforementioned shift register method can be calculated with substantial
accuracy; therefore, the desired overall system gain transfer function can be maintained by

selecting the proper coefficients for FIR Filter 408 to compensate for this.

[0133] MUX 405 allows either output 4042 of IIR Filter 404 or output 403a of RAM 403
to be selected as the input provided to DEC FIR Filter 406. MUX 405 is controlled by
ITIR_EN signal 411.

[0134]  The purpose of DEC FIR Filter 406 is to decrease the sample rate of its input data
by a factor of two while attenuating frequencies above the Nyquist frequency of its output
sample rate. The output of DEC FIR Filter 406 is only used when low frequency narrow band

pass filters are required.

[0135] A primary benefit of DEC FIR Filter 406 is that it allows minimization of FPGA
gate resources in FIR Filter 408 when it is configured as a low frequency narrow band pass

filter.

[0136] DEC FIR Filter 406 uses, for example, a six tap binary FIR filter with coefficients
1, 0.25, and 0.0625. Binary coefficients allow shift registers to be used in place of

multipliers.

[0137]  The benefits of this are lower power and the possibility of using less PCB space
due to a smaller FPGA (Field Programmable Gate Array) package size. Both of these benefits

allow smaller size and lower material cost.

[0138] DEC FIR Filter 406 low pass filters its input data and then decimates it (i.e. down
sampled by 2x) before providing every other sample point to the input of MUX 407.
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[0139]  Asis the case with IIR Filter 404, there is a gain error associated with replacing
multipliers with shift registers. Advantageously, this error can be calculated with substantial

accuracy, and in turn compensated for by selecting proper coefficients for FIR Filter 408.

[0140] In operation, data 405a is provided to the input of an anti-aliasing filter (not
shown) contained within DEC FIR Filter 406. The output of the anti-aliasing filter is then
decimated by passing along every other sample to the output of DEC FIR Filter 406. The
anti-aliasing filter is required to prevent frequencies above the new Nyquist frequency from

heterodyning into the pass band of the filter.

[0141]  For example, if input data 405a to DEC FIR Filter 406 is 50 MS/s, its Nyquist
frequency will be 25 MHz. The removal of every other data point will create a 25 MS/s
effective output sample rate of DEC FIR Filter 406, thereby resulting in a new Nyquist
frequency of 12.5 MHz. The anti-aliasing filter located in the first stage of DEC FIR Filter
406 attenuates the frequencies above the 12.5 MHz Nyquist frequency prevent the

heterodyning effect described earlier.

[0142] MUX 407 allows either output 406a of DEC FIR Filter 406 or output 405a of
MUX 405 to be selected as the input provided to FIR Filter 408. MUX 407 is controlled by
FIR_MODE_SEL [1:0] signal 413.

[0143] The purpose of FIR Filter 408 is to provide low pass filtering, and in some modes

of operation, band pass filtering.

[0144]  Unlike traditional FIR filters, FIR Filter 408 accepts its coefficients ‘on the fly’
from a set of dedicated registers inside the FPGA. This allows for greater flexibility for user

selectable filters.

[0145] One innovation associated with FIR Filter 408 is its ability to adjust the effective
sample rate of its data. In the present embodiment, FIR Filter 408 is driven by the 100MHz
system clock at all times but is controlled with a system of enables to determine the up-
sampling and processing rate of its data. Adjusting the sampling rate of the data provided to

the input of FIR Filter 408 is necessary to optimize the Fc/Fs ratio (i.e. the filter cutoff
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frequency to filter sampling rate) for any given filter. This ratio is a critical factor in
determining the stability and effectiveness of FIR Filter 408. The exact limits of this ratio will
vary depending on the method and algorithm used to generate the coefficients of FIR Filter
408.

[0146]  Another innovation used with this design is the time multiplexing of the multipliers
used in FIR Filter 408. Using a system of enables (not shown), FIR Filter 408 is able to make
use of each multiplier twice in the FIR delay line because it operates at a processing rate that
is twice that of the data entering it. This allows one multiplier to be used for two coefficients
instead of one, thereby doubling the order of the filter. In this way, the FIR Filter 408 will
work as a 65 tap filter, but only use 17 multipliers total (a standard symmetric FIR would use
33). This is a very effective use of FPGA resources that requires FIR Filter 408 to have a
minimum up-sample rate of two. Furthermore, input data 407a must be provided to FIR

Filter 408 at one half of the desired output sample rate.

[0147] BOX CAR Filter 409 has same function as that of BOX CAR Filter 209 in figure 4
of the embodiment 1. Specifically, BOX CAR Filter 409 interpolates the data received from
the FIR filter in a manner which increases the perceived resolution of the effective sample

data by a given factor, preferably by a factor of 4

[0148] Figures 4c through 4h represent versions of the system shown in figure 4b, with,
however, the multiplexers and unused sub-blocks removed. These figures are intended to
simplify the explanations below of the typical operating modes. It should be noted that the
inner workings of each sub-block were described earlier and need not be described again

below.
1. ULTRA LLOW FREQ NARROW BAND MODE [0.2 to 1.2 MHz]

[0149] Referring to figure 4c, DATA_IN 400 is 100 MS/s sample data provided to the
input of Averaging Decimator 401 at a rate of 100 MHz. Averaging Decimator 401 reduces
the effective sample rate of its input data to 50 MS/s and provides it to the input of RAM 403
at a rate of 50 MHz for storage. The output of RAM 403 is provided to the input of IIR Filter
404 a rate of 12.5 MHz for high pass filtering. The 50 MS/s output data of IIR Filter 404 is
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provided to the input of DEC FIR Filter 406 at a rate of 12.5 MHz for anti-alias filtering (not
shown) before reducing the effective sample rate of its output data to 25 MS/s. The output of
DEC FIR Filter 406 is provided to the input of FIR Filter 408 at a rate of 6.25 MHz for low
pass filtering and subsequent up sampling to 50 MS/s before being provided to the input of
BOX CAR Filter 409 at a rate of 12.5 MHz. BOX CAR Filter 409 is set to a depth of 8 which
converts its input into an output with a 400 MS/s effective sample rate and 100 MHz data

transfer rate.

2. ULTRA LOW FREQ NARROW BAND MODES [1.7 to 2.6 MHz, 2.8 to 4 MHz, 4.4 to
6.6 MHz]

[0150]  Referring to figure 4d, DATA_IN 400 is 100 MS/s sample data provided to the
input of Averaging Decimator 401 at a rate of 100 MHz. Averaging Decimator 401 reduces
the effective sample rate of its input data to 50 MS/s and provides it to the input of RAM 403
at a rate of 50 MHz for storage. The output of RAM 403 is provided to the input of DEC FIR
Filter 406 at a rate of 12.5 MHz for anti-alias filtering (not shown) before reducing the
effective sample rate of its output data to 25 MS/s. The output of DEC FIR Filter 406 is
provided to the input of FIR Filter 408 at a rate of 6.25 MHz for low pass and high pass
filtering and subsequent up sampling to 50 MS/s before being provided to the input of BOX
CAR Filter 409 at a rate of 12.5 MHz. BOX CAR Filter 409 is set to a depth of 8 which
converts its input into an output with a 400 MS/s effective sample rate and 100 MHz data

transfer rate.
3. LOW FREQ NARROW BAND MODE [0.5 to 4 MHz]

[0151]  Referring to figure 4e, DATA_IN 400 is 100 MS/s sample data provided to the
input of Averaging Decimator 401 at a rate of 100 MHz. Averaging Decimator 401 reduces
the effective sample data rate of its input data to 50 MS/s and provides it to the inpﬁt of RAM
403 at a rate of 50 MHz for storage. The output of RAM 403 is provided to the input of IIR
Filter 404 at a rate of 25 MHz for high pass filtering. The 50 MS/s output data of IIR Filter
404 is provided to the input of FIR Filter 408 at a rate of 12.5 MHz for low pass filtering and
subsequent up sampling to 100 MS/s before being provided to the input of BOX CAR Filter
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409 at a rate of 25 MHz. BOX CAR Filter 409 is set to a depth of 4 which converts its input
into an output with a 400 MS/s effective sample rate and 100 MHz data transfer rate.

4. LOW FREQ NARROW BAND MODE [DC to 4 MHz, 8 to 12 MHz]

[0152] Referring to figure 4f, DATA_IN 400 is 100 MS/s sample data provided to the
input of Averaging Decimator 401 at a rate of 100 MHz. Averaging Decimator 401 reduces
the effective sample data rate of its input data to 50 MS/s and provides it to the input of RAM
403 at a rate of 50 MHz for storage. The output of RAM 403 is provided to the input FIR
Filter 408 at a rate of 12.5 MHz for low pass and high pass filtering and subsequent up
sampling to 100 MS/s before being provided to the input of BOX CAR Filter 409 at a rate of
25 MHz. BOX CAR Filter 409 is set to a depth of 4 to convert its input into an output with a
400 MS/s effective sample rate and 100 MHz data transfer rate.

5. MEDIUM FREQ BAND MODE [1.5 to 8.5 MHz]

[0153]  Referring to figure 4g, DATA_IN 400 is 100 MS/s sample data provided to the
input of RAM 403 at a rate of 100 MHz for storage. The output of RAM 403 is provided to
the input of IIR Filter 404 at a rate of 25 MHz for high pass filtering. The output of IIR Filter
404 is provided to the input of FIR Filter 408 at a rate of 25 MHz for low pass filtering and
subsequent up sampling to 200 MS/s before being provided to the input of BOX CAR Filter
409 at a rate of 50 MHz. BOX CAR Filter 409 is set to a depth of 2 which converts its input
into an output with a 400 MS/s effective sample rate and 100 MHz data transfer rate.

6. HIGH FREQ WIDE BAND MODES [0.2 to 20 MHz, 2 to 21.5 MHz, 2 to 26 MHz, 8 to
25 MHz]

[0154]  Referring to figure 4h, DATA_IN 400 is 100 MS/s sample data provided to the
input of RAM 403 at a rate of 100 MHz for storage. The output of RAM 403 is provided to
the input of IIR Filter 404 at a rate of 25 MHz for high pass filtering. The output of IIR Filter
404 is provided to the input of FIR Filter 408 at a rate of 25 MHz for low pass filtering and
subsequent up sampling to 400 MS/s before being provided to the input of BOX CAR Filter



WO 2007/047025 a1 PCT/US2006/037110
409 at a rate of 100 MHz. BOX CAR Filter 409 is set to a depth of 1 which converts its input
into an output with a 400 MS/s effective sample rate and 100 MHz data transfer rate.

[0155] Referring to Figs. 13 through 16, ‘on the fly’ coefficient swapping is now further
described. This innovation concerns the time multiplexing of the multipliers used in FIR
Filter 408 (Fig.4b). Using a system of enables and selects generated inside Enable Block
1301 (Fig.13) and illustrated with waveform diagrams in Figure 16, FIR Filter 408 is able to
make use of each Multiplier 1403 (Fig.14) twice in the FIR delay line because it operates at a

processing rate that is twice that of the sample data entering it.

[0156] Multiplier sections contained within FIR Filter 408 are shown in Figure 13. With
the exception of MULT_BLOCK 1306, an odd and an even coefficient is provided,
respectively, to the COEF_A and COEF_B input of each MULT_BLOCK. In the case of
MULT_BLOCK 1306, even coefficient b32 is provided to the COEF_A input and the input
to the COEF_B input is set permanently to all zeros. COEF_A and COEF_B are selected
dynamically by means of COEF_EN 1402c. The MULT_OUT signal of each
MULT_BLOCK is updated with the product of newly multiplied data whenever MULT_EN
is high and the rising edge of SYSTEM_CLK 1404c occurs.

[0157] When FIR Filter 408 has an output data rate of 12.5 MHz, 25 MHz and 50 MHz
(shown in 1604, 1603 and 1602 of Fig.16, respectively), the product of newly multiplied data
is provided to MULT_OUT at a rate of 1/8, 1/ 4 and 1/ 2 of the rate of SYSTEM_CLK
1404c, respectivley. In the case when FIR Filter 408 has an output data rate of 100 MHz
(1601 of Fig. 16), newly multiplied data is provided to MULT_OUT at the same rate as
SYSTEM_CLXK 1404c because MULT_EN is always high.

[0158] In all output data rate cases of FIR Filter 408 alternate coefficients are used for
each multiplier cycle, allowing one Multiplier 1403 to be used for two coefficients instead of
one, thereby doubling the order of the filter. A customized Summing Block 1307 (shown in
detail in Figure 15) is then used to correctly assemble these phase-shifted halves of each

output data point.
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[0159] In this way, the FIR Filter 408 will work as a 65 tap filter, but only use 17
multipliers total (a standard symmetric FIR would use 33). This is a very efficient use of
FPGA resources that requires FIR Filter 408 to have a minimum up-sample rate of two.
Furthermore, input data 407a must be provided to FIR Filter 408 at one half of the desired

output sample rate.

[0160] Throughout the specification and claims, reference is made to “echo” signals. As
will be appreciated by people of skill in the art, in certain environments or applications, the
transmitter and receiver components of the transducer 12 are physically separated, with the
receiver being located on an opposite side of the object being tested. Hence, the term “echo”
as used herein also pertains and encompasses embodiments where the so-called echo signal

passes through the object being tested.

[0161]  In the preceding description, the invention that has been described exclusively with
respect to embodiments wherein flaw detection is carried out with a single transducer element
operating exclusively under the echo principle and/or by reference to a transmitter/receiver
pair which handle ultrasound waves that pass through a material. However, it should be
noted the present invention is equally applicable to flaw detection instruments that use an
array of transducer elements, such as an ultrasonic phased array probe. As is the case with a
single element ultrasonic transducer, the response signal for each transducer element of the
phased array ultrasonic probe used for reception is provided to the input of a receiver channel
for conditioning and subsequent digitization by an analog to digital converter. In other
words, the reference in the claims to a “transducer” -- in the singular -- is deemed to pertain
to an ultrasonic phased array type of a probe as well. Such arrays of transducers are deemed
to be either identical or at least equivalent to a single element transducer. The structure of
such ultrasonic phased array devices is described or referenced in U.S. Patent Nos. 4,497,210

and 6,789,427, the contents of which patents are incorporated herein by reference.

[0162]  Although the present and alternate inventions have been described in relation to
particular embodiments thereof, many other variations and modifications and other uses will
become apparent to those skilled in the art. It is preferred, therefore, that the present

invention be limited not by the specific disclosure herein, but only by the appended claims.
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WHAT IS CLAIMED IS:
1. An ultrasonic detection system for scanning objects to be tested, the system
comprising:

a transmit and receive device to generate a test signal and to receive a responsive echo
signal;

a transducer that converts the test signal to an ultrasonic signal, applies the ultrasonic
signal to a target object to be tested, receives an ultrasonic echo signal and produces the echo
signal for the transmit and receive device; ‘

a signal processing circuit coupled with the transmit and receive device for receiving
and processing the echo signal, the signal processing circuit including at least one digital to

-analog converter for converting an analog version of the echo signal to a digital echo signal
comprising streaming digital data obtained at a first sample rate and associated with a first
data rate; and
‘a digital tuner circuit including:
| a first circuit section which is structured to receive the streaming digital data;

a second circuit section coupled with the first circuit section and structured to
process the streaming digital data at a second data rate which is slower than the first data rate
and further structured to create from the streaming digital data intermediate streaming data
having a second sample rate; and

a third circuit section responsive to the second circuit section to create final
streaming digital data representative of the echo signal and characterized by having a third

sample rate which is outputted at a third data rate, wherein the third data rate is higher than

the first data rate.

2. The system of claim 1, wherein the second sample rate is lower than the first
sample rate.

3. The system of claim 1, wherein the third data rate is substantially equal to the

first data rate.
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4. The system of claim 1, wherein the first circuit section comprises a memory in
which the streaming digital data is capable of being stored at the first data rate, wherein the
second circuit section includes an infinite impulse response (IIR) filter that processes data
from the memory and provides an output data to a finite impulse response (FIR) filter, for
applying a frequency filtering function to the data, and wherein the third circuit section
comprises a box car filter which processes data received from the FIR filter in a manner

which increases the perceived resolution of the data by a predetermined factor.

5. The system of claim 1, wherein the first circuit section comprises an averaging
decimator which receives the streaming digital data and from which the intermediate

streaming digital data is provided at a sample rate lower than the first sample rate.

6. The system of claim 5, wherein the second circuit section includes a finite

impulse response (FIR) filter.

7. The system of claim 5, wherein the second circuit section further includes an
infinite impulse response (IIR) filter for applying a frequency filtering function to the

streaming digital data.
8. The system of claim 3, further including a decimating FIR filter.

9. The system of claim 1, including an averaging decimator and a memory, and
wherein the first circuit section is selectively configurable as either the averaging decimator

or as the memory.

10.  The system of claim 9, wherein the second circuit section includes an FIR

filter, an optionally selectable IR filter and an optionally selectable decimating FIR filter.
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11. The system of claim 10, wherein the third circuit section comprises a box car
filter which processes data received from the second circuit section, in a manner which

increases the perceived resolution of the data by a predetermined factor.
12. The system of claim 4, in which the predetermined factor is equal to four.

13. The system of claim 4, further including an averaging decimator coupled to

the memory for reducing the number of data samples that are being provided to the IIR filter.

14. The system of claim 4, wherein the second data rate is one-fourth the first data .

rate.

15.  The system of claim 4, wherein the FIR filter is set to provide a frequency
selectivity response which provides a -6dB low pass filter point which is less than 10% of a

filter clock applied thereto and which determines the third data rate.

16.  The system of claim 4, including an inputting circuit that enables a user to set

a band pass response for the FIR filter, by providing operator settable values.

17.  The system of claim 4, wherein the FIR filter and the IIR filter operate

synchronously.

18.  The system of claim 4, includes means for playing back sample data from the
memory at one-fourth its original data rate and processing the data that has been stored in the

memory to achieve a data rate four times as large as the original data rate.

19.  The system of claim 4, wherein the FIR filter is a symmetrical 32 tap MAC
filter with 32 coefficients, which are based on only sixteen values used with no more than

sixteen digital hardware multipliers.
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20.  The system of claim 4, including means that enable an operator to select from

numerous fLLPF-6dB points.

21. The system of claim 4, wherein the IIR filter utilizes five IIR filter coefficients
which are calculated at least in part by reference to a -3dB cutoff correction factor, a desired -

3dB cut off frequency, and a corrected -3dB cutoff frequency.

22. - The system of claim 21, wherein the FIR filter is programmable by a user to

specify -6dB roll off points for either a low pass or a band pass filter function.

23.  The system of claim 4, wherein the box car filter is structured to produce a

rolling average of variable depth of data which is received by the box car filter.

24.  The system of claim 4, wherein a —6dB setting for the FIR filter is selectable
in the range from about .1 to about 25MHz.

25.  The system of claim 1, wherein the system comprises an ultrasonic test

instrument.

26.  The system of claim 1, wherein the system comprises and eddy current test

instrument.

27.  The system of claim 1, in which the data in the first circuit section is received

in a burst mode.

28.  The system of claim 27, in which the burst mode is periodic and endures for

approximately twenty percent of the period of each cycle.

29.  The system of claim 1, the first circuit section including an averaging

decimator, coupled between at least one digital to analog converter and a memory of the
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digital tuner circuit, for processing the streaming digital data prior to its storage in the

memory.

30. The system of claim 29, further including a first selection circuit located
between the averaging decimator and the memory for enabling selective supplying to the
memory of either the streaming digital data supplied from the at least one digital to analog

converter, or an output of the averaging decimator.

31.  The system of claim 29, further including a second selection circuit coupled
between the memory and the FIR filter, for enabling selective bypassing of the IIR filter.
»
32.  The system of claim 31, further including a decimating FIR filter coupled

between the first selection circuit and the FIR filter.

33.  The system of claim 32, further including a third selection circuit coupled

between the decimating FIR filter and the FIR filter.

34.  The system of claim 29, wherein the FIR filter is structured to switch its

coefficients dynamically.

35.  The system of claim 33, in which the digital tuner circuit is operable in a

plurality of selectable operation modes.

36. The system of claim 35, in which the selectable operation modes include:

a. ultra low frequency narrow band mode of 0.2 to 1.2 MHz;

b. ultra low frequency narrow band modes of 1.7 to 2.6 MHz, 2.8 to 4 MHz and 4.4
to 6.6 MHz;

c. low frequency narrow band mode of 0.5 to 4 MHz;

d. low frequency narrow band mode of 0 to 4 MHz and 8 to 12 MHz;

e. medium frequency band mode of 1.5 to 8.5 MHz; and
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f. high frequency wide band modes of 0.2 to 20 MHz, 2 to 21.5 MHz, 2 to 26 MHz
and 8 to 25 MHz.

37.  An ultrasonic detection system for scanning objects to be tested, the system
comprising:

a transmit and receive device to generate a test signal and to receive a responsive echo
signal;

a transducer that converts the test signal to an ultrasonic signal, applies the ultrasonic
signal to a target object to be tested, receives an ultrasonic echo signal and produces the echo
signal for the transmit and receive device;

a signal processing circuit coupled with the transmit and receive device for receiving
and processing the echo signal, the signal processing circuit including at least one digital to
analog converter for converting an analog version of the echo signal to a digital echo signal
comprising streaming digital data at a sampling clock rate; and

a digital tuner circuit including:

a memory in which the streaming data is received;

an infinite impulse response (IIR) filter that processes data originating from the
memory, and a finite impulse response (FIR) filter which receives an output originating from
the IIR filter and applies a band pass function to the received data; and

a sample rate adjuster interposed between the IIR filter and the FIR filter which
adjusts the sample rate for the FIR filter.

38.  The system of claim 37, further including an output rate adjuster for

processing data which is output by the FIR filter.

39.  The system of claim 38, further including a sample rate adjust parameter
operating through an accumulator and a data table for producing multiplication coefficients

for the sample rate adjuster.
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40.  The system of claim 38, wherein the sample rate adjuster comprises a plurality
of multipliers that multiply data obtained from the IIR filter and a summer which receives the

outputs of the multipliers.

41.  The system of claim 40, wherein the multipliers comprise first, second, third

and fourth multipliers.

42.  The system of claim 38, further including a flow control logic that operates in

conjunction with and specifies a flow process for the sample rate adjuster.
43.  The system of claim 37, wherein the number of data points being processed in

the FIR filter exceeds the number of data points obtained from the IIR filter by a

predetermined factor.

SUBSTITUTE SHEET (RULE 26)



WO 2007/047025 PCT/US2006/037110

1/22
10b 10 - 11
/ .
»| ULTRASONIC
TRANSMIT-
RECEIVE SIGNAL
18~ UNIT PROCESSING
\ | DEVICE
10a > :
8 ~ ,
14R 112 S 16/
Y
14b TARGET
OBJECT 18
14d\\7o‘r_, ‘ . \_
N 3 f
14a
FIG. 1
(Prior Art)

12a \[
e | |
——— To —— %
10a ~.
ULTRASONIC ] 1 ]
PULSE
. 11
ECHO SIGNAL w \\;hl; ;l||= / ],IL
™ 11a I ”
FIG. 2
(Prior Ar)

SUBSTITUTE SHEET (RULE 26)



WO 2007/047025

13a

114

19a

2/22

110

PCT/US2006/037110

L 116
ﬁ { {A ( o
_O/I .mpmmp—l-_—’ Tim andfilter > A
Gain B K 12
Calibeator 1 O 5 +10.1dBPreamp F 1163-’t— 6) Freq Tim A
/ ——{ DCofiset adjust 10 | 118
FrequencyResponse
20 1o 1122 ™ Tim andfiter > B
122
120
—-_;-] DCofiset adjust3 | ~124
122a Timandster | * ©
120a—1— 12) Freq THMC
o ——
126 132
e N b
Diff > 100MHz R
A—> Amp Driver 14bitAD " T . . L 146
imaVariedGain |
= - |
DCofiset adjust 1 )
1262  |a o ]
B —) Diff > 100MHz | data \ ‘\ |~ 154
AmpDiver |1 14b6tAD contral oo
r ] ey 148
128 DCofisetadjust2| 1, .~ 134 storage
128a: |4 ]
Diff > 100MHz
C— AmpDiver o 14bitAaD | ¢
' C | \ interpolating |} 150
130 136 142 4XTunable filter
Analog FrontEnd | ¥
e~ = — Measurement
Digital Data AcquisitionSystem gate
‘ detectionand | 1152
Composite
DSPand > A-Scan
Display control compeession
processor FPGA
% % 7
18 160 140

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

3/22

_ <= -

NSHIl
iy N
3 A ¢ Phicad iy N OOV
»0U- N
) -
{0 bt 110 | = % ﬁ o
. 290 Wil el
Vov /8,.88 80F ‘ / . M W Pr 4&~|
) L I { 9@8@.& NCVIVG
hd 20r GOV / /
vor £ov oy OOb

‘ htlﬂkauu N 14 nw—n—
q ﬂmﬁ .

. - o . 12

? w ? iz L N WID HALIIA

Auluuu..M.w
RST
Mc—ﬂ M:N
T 2T DM & ?uh.,uu s! Mwn
L \EEA | 2=/

— - .
100 VI im
<M I9JTTFA Mgﬂ
97T dId x93TT3 ULl
13 {4 aen xod I
~aoﬂ o 0T + *&blm na oada
SWILSINId SUILISTOEN DOT ~
a3o0o ¥1a 4900 91X N090Z 10C

NOROZT ~no~ moLoT NNcN

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

4/22

PP "Old

ZHWOO) ZHWNS' 2} ZHWSZ'9 ZHWS'2) ZHWOS ZHWOO!
$/SWOOY $/S MO8 SSWSZ o /S WOS s/SWOS $/ISWO0L
e ._m.cm SRS PL T ) RN el "l 1018 woeq
- uld ~ v BuBRIonY [™ e
1no~vivg | XO8 X o= 8] Y A z,/fsa
M? /8,, g0 sov ™~ 10 00%
oy
[ZHW 'O ' ' ZHIW P OI B’ ZHWO' 91 4 ] SSAONONYE MOBBYN O38d MOIVELIN
A 'Oid
ZHWOO0! ZHWS'ZL ZHW9Z'D ZHWS'ZL ZHNWG'2! ZHWO3S ZHWOO!
$/SNOOF */S WO SISWSZ [y ] §/SWOS %/SNOS $/SWOS $/SWOO0L
T o T [ e e
- 1d [ . - - uiBeien -
LnoTvLva xOm/ m“../ ..@../ H / z_,/5.<o
/ 0¥ 8o0b / Lo 00t
*g0y a0y vob M:

[THWZ 1012 0]dQONGNY

g MO

BUVN D383 MOIVHELIN |

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

5/22

ZHW 001! ZHASS ZHWSS ZHWOS ZHN 00,
SISWOOY gy | ¥/ S WOl h S/SWOS[ w| 9/SWOS JERTI
el YYD |t om__.u“_ e v L toiewioeg | SN0
lno~vivo | XO8 N H Suteiny LT ve Tviva
N Do DN
£0¥
LZHW Y 01 OQPUBZHWZI010] SAOON GNVE MOUEYNDSLS MO
[ }
o "Old
ZHWOO? ZHWSZ ZHWS 21 ZHWSe ZHNOS ZHW 001
SISWO0Y [TorsT] 8/S Woou s
” ISWOS $/SINOS 8/SINOS
- uys .Alll-llkom___"_.._ < =1 Q 1ewoeg| 7T S/ 00t
lno~vivg | X048 N s ol Puseieny Ty
M? 809 0¥ / / f
N / 16t 00y

eov

IZHW$018'0] SAONANVE MOGBYNDSHS MO

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

6/22

]
Uy "Oi4

ZHAO0} ZHW 00} ] ZHNGE ZHAG? ZHWOOE

/S WOOY $/S WOOK

0 - $
mc__w roma Iswoor ol erswoos) /S W00}
Lno~viva | X08 ol . b i
/ _ ) v NITYLYQ
v 80¥ "80¥ / . /
0 oy /no.. Qo
y (HW 9201 8 ZHWOZ 012 TR S 1201 2 2H WO 015

ols3a0n anve aai m O3 HOIH

By 'oI4

ZHWOO ZHNOS
8/SWOO¥ ST . ronag anes S
002 s/
u0«=& SWOO0!L /SOOI 8
lno~vyivag | X08 . i Y NI"vLivaQ
/ 80F . v . J
vgoy 0 80y R D, oot

[ZHWG'8019') I0ONONVE DI Y WNIga N

i

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

7/22

G 'old

® ®
*

so]duDs UG SU ()] A1841308J0 S| 49AIMOY (340QD 5D SIAUIDS 100xXe FUDS) $3)dUIDS UIINIAQ SU O
(o183 /1) $/SIN ST38 SOT VY M VY Wol3 1owg poderd, v ofdureg

-
S
Sw
-

S8pdWDs uPanIaq Su O}
$/SIN 001 18 pojdures ere( 10M19AU0D /Y

2z

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

8/22

€9 "Old

. . 0 . . . - .-t o, .
- . . . . ¢ ¢ * .
. *
. -
* - L d *
* P . . > ¢
> * . . > .
e e’
sojdwos wsansaq su 57 fanoafy )]
Sy SIduTeS S/SI (0p 9ARGE4 16 ‘ST Jeilq 67 Xog Jo Inding ke
*® 0 9 % 9 4 4 @ '
. * o ¢ 0 . e o o . ¢ & » Tt
sejduns uasmiaq su 'z Qaimoally )
S/SIN QOL S! Ve J9111 PUs S/SI 00 O 395 51 91wy Sudiws usym 3n090g wmdug 1ot YT e
» L
sarduros usamiaq su Of Kaapoally )
(12 /1) $/SIN ST 1% S0 NV MV o Joeq pake|d, w1 ofduieg 1ee

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

9/22

asg "ol

SH=s

J@=p
QY.
Y=g
R AL

0 H(u) wep = (u) wup (] = Yidagg) vonsunyg SN ¥ L A o1z

ST DN TN - 20 N O T O I MO IO 20 A I I [ 1=ipdeq
sanoﬁﬁaﬁmw
€4

1108027
B lvaled @] ja]w]o]l o] D] ta]alia]w]levlv]Iv]ang AN Ja1y13 il

* L moL0z

grmeg | N VG | eNwg | NG “ TN Wvg _ N g _ w%wmv a.._vanww
nogOz

U U UYL e
12
_zu..uﬁu..xmh
i) e
Tl T e LT owomy,
Uy UL o
¥AA

8 | $8 [ .ta | 18 ] ¥a] €a ] zd | 1d | ¥

g

nding #1113 Wd

=]

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

10/22

e, Old

’. L 4
L JPS QQQ
... . @
v & o O ®

EQ&S uaamaq su §°7 Kaanoafa
a1py A|dWBS S/SIAT 0Op: 9ANIRYR 18 STZ JaNi JeD) Xog Jo Indin®

* ® L]
soydwns usanaq su § Kganpoafly wmmm
$/SIAL 05 St 919y SR pue S/SIAL 00T 03 196 S} stey Suridweg uoya 1n0gHZ Indur 1913 W1

L] [ ]
>

saduws uspMIaq SU O &aapoay
(3183 /1) /S ST 38 SOT NV MV Wody 438q pakeld, e oldures

SUBSTITUTE SHEET (RULE 26)



ql'old

PCT/US2006/037110

11/22

WO 2007/047025

WU 19+,23) w4
T/ Ty+1Q)=p
U (TV+TY) wd
T/ 1Y+ Ey)=q
ﬂ\ﬁ.~<+.ﬁ<v =y
ai0ga0ys 1z / [(1-) waep + (u) 916p] = (u) mIep :(Z = tndaqT) wopaUNY JeifL 1 Yog
. it {444
T T BT d T e T e T w1 T AT T I VIVl 5T T 1] Pl oTl a1 v] Wa 2 =g
inding ;LI R} ¥og
/// //,.//./}//,/J/,//./// ke
a j daleal g .id W @] ] o] el (6 18] v ] v [ v [ 1V ] wa =.§o§EE~
- nogQT
j gt e | g f i3] | __Q|_a_mw_m__0__U_nm_umlw~m__n_ LoV LIV weg ~=&=0§E§~N
L neL0z
geNwIg | PN VG | N g NwIg g | Nwg _ IO NE 0gQ) nding
Jomumssq Juiferaay ) —
[ I I I I -
L______________a____~4_§§é~
1844

é D)
ginipiaEalalnln R RaRalaRa RN N N NN W Na i W W N
. 212

SUBSTITUTE SHEET (RULE 26)




PCT/US2006/037110

WO 2007/047025

12/22

eg 'Oid

000 0’0
.. ”
00.00.’

s710ups Usamiaq Su §'Z Ranioally ) Loz
Y Jdwing §/SI 007 2410110 18 STZ 1N J8) Xog 3O IndinO
Ss1dws uaamiaq su (1 Kpeanoafly NSN
8/SIA ST 51 9 #9113 pus 8/SIN 001 03 198 8} 18y Surjdures uoym In0gq induy stg It
s [ ]
$9{0uIDS U9I39q §U ] KianpIoald I 192

(182 p/1) S/SIN ST 18 S0T VY MY Woly Yorg pakeid, weq spdures

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

13/22

48 'oid

S —

/G184, 19+, 194,10) = b

L]

/(I8 Ve 1+ D=0
(AANL AN CRT-URTTY
T/(IV 1Y I+ 1D =D
TIGIYRLYH IYVE 1D =g
T/CIVH IY4 (V1Y) ne

/IR 1T/ [(€-u) WP + (T-U) Wirp + (1+4) Wiwp + (1) wiwp) = (u) wrwp i(y = yadogr) vOpsURg Joulg svD) Xog ~
344

— vm—

ST NN D200 I CON Y 0 T N N Y O DO DO 0 B 0 ] T -
V/u O 03 pure +** v/ gesa._“moxum
wp ¢ 32 pod wiep 9uo Sw seaow samesedds reo xom\WW )}
/ - < : ' (- — N, 12
O N T T P P00 Y P O D0 O AT A A M A =§.6§EE~
R—— - - no
...:m!_E_m__mﬂ__a__a_a:m__m__o__u_B:m_z:m:m:m__<J_<_x_<_.=a ﬂ_.mln._o._s_séw 30e
moLoT
geNwg | v evg | gneg | TN g | 1+N ¥rg | Nwvg ~ %&«sgo 0%
WIAY
L neg07
L L L L L L] BLYE AT
. L 917
L L] L] ] L _ *zm.ﬁo.zmsf
414
01z
I.‘jj_I._j_l.__l_j_.~_________:::__:__:__~‘_‘_‘ N107¥EL T
. &z

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

14/22

€6 "DId

* L
¢ *

Py
® e . o ®
LI SN JEPRFS  4

Saydubs usamsaq su 7 Kaaptoally !
oy o1dureg S/SIAT 00% SANIYS 18 STZ L] 1) Xog Jo inding He
PY L)
sapduios uaamsaq su 07 Keapoalfa MNR

S/SINL $'21 81 a8 JOMLT pue &/SIN 05 01295 51 eney Suiidures uaym ynoggy Indug 1Ld w1t

.ﬁn&u&:»»@& su 3. &»;....uu@m
(9181 /1) S/SIN §Z 18 §07 VY MVY Wox ,yoeq pokeld, eieg sjdureg

SUBSTITUTE SHEET (RULE 26)



PCT/US2006/037110

WO 2007/047025

15/22

a6 "Old

THGIDRAOHIDH D+ 1D+, 1D+, 10+, (D) = b

IV IV, V4 DY 4,184, 18+, 184,18) » 0
20TV LY IV, LY +, 1Y+ 8+, 18+, D) s p
TIGIYH YA, IV 1Y +, 1Y+ V4, 1+, 18 =0
LIGIVAIYH V4, 1Y 4,174, 1V V4,10 = q
TV LY VTV +, 1V, IV4, [V, 1Y) B0

1930JRI3H1 17 £ [(£°U) WIUP + (5-U) WIVD + {5-U) BIVP + (p-4) WIUP. 4 (£-4) TIWP + (2+U) W7D + (1:U) WP + (1) Wawp) m (1) mivp :(g m YD) vOROUR 4L FUQ XOG -

G OIS I MY S N O 0 S O 2 0 I g s sipdsq
€+ Keennnaeene JUD B IE U0 BIEP IUO WIL SOAOW SIMETAAR T8O X0~y ding 1y w0 ¥og )
~ N
J
ot ™ ™ L conat — — )
T L0 [ Lo [ 8 ] 18 [ 8 [ 08 [ 8 | 08 | 8] 8 ] AV [0V LV LV [ IV | IV | ¥ | dV ] %3 ___esos_mEN
080z
Tl DDl ig] 1] tg]1g] 18] 18] ja] 18] V]V v]Iv]IvlIv ] iv] .fl..aaillll...i__!oa_méw
. _ n0/02
TNwa | zeN g | Nwg | Nwg’ | Ntmg { Nwg ] (U2 NB"0Q) nding
=s=uaguu¢n,s><~ 0907

i . L g

. ] [ o
L weow
L

. W¥I™SRLT
ECEEEECECECCCECCCCEEECEE R At

~:u
¢

SUBSTITUTE SHEET (RULE 26)



WO 2007/047025

16/22

GATES,
COMPRESSOR,

RECTIFIER,

A-SCAN RAM

PCT/US2006/037110

1a

AATE
ADJUSTER

:

g
\ \

|

320a
A

P

A

roc|

§f[tc:o-.'>=-.v.:-<
f

gt"

T
3

(]

£~

a «
= W | [E<rw icwo-orua ]
5| & 7| E& Ny
) 8
g (‘" §r° g
seleny
8,-[-:00:»::.:«-0:[ kg

S ESHW ICWO—twea |

&
:e"%
[ B /]

%

2

Adjuat

FIG. 10

P

SUBSTITUTE SHEET (RULE 26)

FLOW CONTROL




WO 2007/047025 PCT/US2006/037110

17/22

15MHz input waveform sampled at 100MS/sec
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Excerpt from 1SMHz input waveform sampled at 100MS/sec
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FIR Filter 408 output data rate of 100MHz
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