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DIGITAL SPEED DETERMINATION IN ULTRASONIC
FLOW MEASUREMENTS
Field of the Invention

The present invention relates to a device for measuring the flow speed of a

moving fluid and which utilizes ultrasonics and digital speed determination.
Description of the Related Art

The measurement of the difference in propagation time for the upstream and
downstream travel of an ultrasonic signal in a moving fluid is an established method
used to measure the rate of flow of that fluid. The ultrasonic signal used for such
purposes typically consists of a wave packet of sinusoidal shape with peaks of differing
amplitudes. An example of such a wave packet is depicted in Fig. 3 which shows an
electronically received ultrasonic signal 40. The problem of accurately determining the
time of arrival of such a signal is generally considered to involve two specific criteria.

The first is the unique identification of a particular part of the received signal
40 that can be used as a timing reference. The part usually chosen is a point at which
one cycle of the wave crosses the signal axis 42, a so-called "zero crossing”. The
identification of a particular zero crossing is conventionally done with reference to the
magnitude of the largest peak 41 in the received signal 40. This method has several
difficulties. The first is that the size of the largest peak 41 can vary considerably, and
is dependent on the conditions under which the signal is being tramsmitted. For
example, if ultrasonic transducers based upon piezoelectric materials such as PVDF are
being used, the size of the peak 41 can change by a factor of 30 as the fluid temperature
changes from +60 to -20°C. Even more importantly, for a wave packet in a tube, the
particular cycle of the received signal 40 where the largest peak 41 occurs often
changes, and is dependent on conditions such as temperature and frequency. This is
ldrgely because the maximum of such a signal often, but not always, occurs where
secondary acoustic modes make up a major part of the received signal 40. Generally
depicted at 43 in Fig 3 is an example of the influence of secondary and other high order
acoustic modes These secondary modes are much more affected by temperature and
frequency than is the plane wave (primary mode). The condition where two peaks
within the wavepacket are identical in magnitude is one which the zero-crossing method
finds particularly difficult to accommodate.

The second criterion is the identification of the arrival time of the identified
zero-crossing, which is generally the zero-crossing 44 immediately after the largest
peak 41, at the signal detector with respect to the time scale being used. The accuracy
of the timing of the arrival of the wave is usually limited to one clock pulse, this time
interval therefore becoming the uncertainty of the measurement.
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International Patent Publication No. WO 93/00569 entitled "An Electronic
Fluid Flow Meter" discloses an acoustic wave packet detection arrangement and
associated flow measuring apparatus that embodies one solution to the above problems.
Such an arrangement utilizes envelope detection and an arming method for zero-
crossing detection.  International Patent Publication Nos. WO 93/00570 and
WO 94/20821 each disclose different methods for lessening the propagation of high
order acoustic modes which, as discussed above, can contribute significantly to the
received wave packet and thus cause timing errors. U.S. Patent No. 5,206,836
discloses a digital arrangement for determining, based on linear regression about a
single zero-crossing, the arrival of a wave packet.

Summary of the Invention

It is an object of the present invention to provide a measurement device and
method for ultrasonic timing which permits both the unique identification of a part of
an ultrasonic signal and the timing of the arrival of that part of the signal at a detector,

In accordance with a first aspect of the present invention there is disclosed a
method of detecting the arrival time at a transducer of an acoustic wave packet
transmitted at a first frequency, the method comprising the steps of:

(a) converting, at a sampling frequency, an analogue signal output from
‘the transducer into digital signal data;

) determining a measurement portion of the digital signal data, the
measurement portion corresponding to a response of the transducer to the acoustic wave
packet;

() determining from the measurement portion a plurality of slopes (S))
for a corresponding plurality (/) of measurement segments of the response, each of the
segments being about a signal level value (V); and

d) determining from at least selected ones of the slopes (S;), the arrival
time (7) of the acoustic wave packet.

Generally, the method comprises the further step, between steps (c) and (d) of:

(ca) determining, for selected ones of the segments, a corresponding
measurement time (A;) indicative of a time at which the response intercepts the signal
level value (V); wherein step (d) comprises determining the asrival time (f) from the
corresponding measurement times (4;).

Preferably, a further step is provided, between steps (c) and (ca) of:

(caa) matching the slopes (§;) with a corresponding reference set of slopes
(P)) to determine a measurement position of each of the segments in the measurement
portion; wherein step {ca) comprises determining the corresponding measurement times
(Ap from the corresponding one of the measurement positions.
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Generally, step (c) comprises allocating a set of (k) points of the digital signal
data to each measurement segment (i), each measurement segment (i) being centred
around two adjacent points whose values lie on either side of the signal level value (V),
fitting a straight line to each set of points, and then determining the slope (S;) of each
the straight line. Advantageously, the straight line comprises a line joining the two
adjacent points. Preferably the value of (k) is related to the ratio of the sampling
frequency to the first frequency, and to the consequential spacing of the digital signal
datz in the measurement portion. Typically, & is equal to one eighth of the number of
points per cycle. Most preferably, the value of k is 10,

In one advantageous arrangement, each siope (P;) of the reference set of slopes
is associated with a specific position parameter {n) marking the position of a signal
polarity transition within the wave packet, the parameter (n) corresponding to the
number of half-wave periods between the beginning of the wave packet and the
particular signal polarity transition.

In a preferred implementation, step (d) comprises the following sub-steps:

(da) assigning a weighting factor (W)} to each of the measurement times
(A4 based upon the corresponding position parameter (n);

{db) selecting (m) of the measurement times (4;) as those to be used in the
determination of the arrival time (f);

(dc) determining a mean half-wave period () from time intervals between
adjacent ones of the (m) selected measurement times (4,);

(dd)  determining, for each of the (m) selected measurement times (A4;), of
an estimated arrival time of the wave packet at the transducer, using the expression
t = A;-n.t;and

{de) determining a sum, over the (m) measurement times (4;), of a product
of the weighting factor (W;) assigned to each measurement time and the corresponding
estimated arrival time (t;);

(df) determining the arrival time (f) of the acoustic wave packet by
dividing the sum from step (de) by a sum of the () weighting factors (W,).

Generally, each weighting factor (W), is proportional to the slope (S;). of the
corresponding one of the segments. Typically, m can take a value from 2 to 20. A
preferred value of m is 6.

Advantageously, step (db) comprises selecting the measurement times (4;)
dependent upon at least one of the precision of determination of the measurement time,
the closeness of match to the reference set of slopes (P;), and the freedom from
interference of the measurement portion from high-order acoustic modes.
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In the preferred embodiment, the sampling frequency is used to generate the
acoustic wave packet and preferably the first frequency is a sub-multiple of the
sampling frequency.

Generally the signal level value is derived from averaging that digital signal
data received in advance of the measurement portion. Also, step (a) typically
comprises the continuous conversion of the signal.

In accordance with a second aspect of the present invention there is disclosed a
method of determining the propagation time of an acoustic wave packet transmitted
between two ultrasonic transducers, the method comprising the steps of:

(&) starting a clock operating at a predetermined frequency;

(f) simultaneously with a transition of the clock, the steps of:

(fa) energising one of the transducers to output the acoustic wave
packet at a first frequency lower than the predetermined frequency, and

(fo) maintaining the clock as a timing reference for subsequent
detection of an arrival of the wave packet at the other of the transducers:

{2 detecting the arrival time of the wave packet using the method of the
first aspect, wherein the sampling frequency is the predetermined frequency and is
provided by the clock, and the digital signal data including the measurement portion is
‘stored in 2 memory whose address determination for consecutive samples of the digital
signal data is altered by the clock such that each address in the memory corresponds to
an identifiable time after generation of the acoustic wave packet.

Generally, a plurality of the acoustic wave packets are transmitted and,
excepting the first transmission, the transmission of all subsequent acoustic wave
packets are synchronised to the reception of the immediately preceding acoustic wave
packet. Typically, upon transmission of a particular acoustic wave packet a delay time
i$ counted and the transmission of the next acoustic wave packet is instituted after the
delay time has elapsed and when the measurement portion corresponding to the
particular acoustic wave packet next crosses the signal level value.

In an alternative configuration an acoustic wave packet is transmitted
simultaneously from each of the transducers for reception by the other of the
transducers and the propagation time of each of the acoustic wave packets is thus
determined. Typically, in such an arrangement step (a) further comprises compensating
for phase differences between the digital signal data converted from analogue signals
output from respective ones of the transducers.

In accordance with a third aspect of the present invention there is disclosed a
system for measuring the speed of a moving fluid, the system comprising:

a measurement tube through which passes the fluid whose speed is to be
measured;
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two ultrasonic transducers disposed in the tube and configured for transmitting
ultrasonic signals between each other;

transmission means for exciting at least one of the transducers to generate an
acoustic wave packet that propagates at a first frequency along the tube toward the other
of the transducers;

receiving means connected to at least the other transducer for detecting the
acoustic wave packet and for converting an analogue signal output from at least the
other transducer to digital signal data, the receiving means including a (first) memory
for storing the digital signal data;

processor means connected to the receiving means for determining the speed of
the fluid, the processor means comprising:

first means for determining a measurement portion of the digital signal
data, the measurement portion corresponding to a response of the other transducer to
the acoustic wave packet;

second means for determining from the measurement portion a
plurality of slopes (S;) for a corresponding plurality (f) of measurement segments of the
response, each of the segments being about a signal level value (V);

third means for determining from at least selected ones of the slopes
°(S)), the arrival time {¢) of the acoustic wave packet.

Typically, the system further comprises fourth means for determining, for
selected ones of the segments, a corresponding measurement time (4;) indicative of a
time at which the response intercepts the signal level value, wherein the third means
determines the arrival time (f) from the corresponding measurement times (4;).

Preferably, the system further comprises a (second) memory means connected
to the processor means for storing a reference signal, the processor means including
fifth means arranged to match parts of the reference signal with the measurement
portion to determine a measurement position of each of the segments in the
measurement portion, wherein the measurement times (4;) are determined using a
corresponding one of the measurement positions.

Advantageously, the system further comprises means for adjusting the
magnitude of the analogue signal from at least the other transducer so that it falls
between certain limits, those limits preferably being equally displaced either side of the
signal level value, the signal level value preferably being an average of an output of the
other transducer before the measurement portion.

Typically, in any of the aspects, the sampling frequency is between 500kHz
and 10GHz. Preferably the sampling frequency is 10MHz.

Generally, in any of the aspects, the first frequency is between 20kHz and
SMHz. Most preferably the first frequency is 125kHz.
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In accordance with one broad aspect of the present invention, there is disclosed
a method of detecting the arrival time at a transducer of an acoustic wave packet
transmitted at a first frequency, the method being characterised by compensating for
deviations from the first frequency of the acoustic wave packet as detected by the
transducer.

Brief Description of the Drawings

A number of preferred embodiments of the present invention will now be
described with reference to the drawings in which:

Fig. 1 depicts the arrangement of two ultrasonic transducers disposed in the
field of flow of a fluid, the ultrasonic transmissions of which are used to measure the
flow velocity of the fluid according to the described embodiment;

Fig. 2 is a schematic block diagram representation of the functional units of the
preferred embodiment;

Fig. 3 depicts a typical ultrasonic waveform emitted by the ultrasonic
transducers in Fig. 1;

Fig. 4 is an information flow diagram for the preferred detection method;

Fig. 5 ilustrates the signal amplification and digitisation process used in the
described embodiments;

- Fig. 6 illustrates the effect of increased gain on the digitised waveform;

Fig. 7 is a schematic block diagram of the electronics for a first embodiment;

Fig. 8 is a schematic representation of the multiplexer unit of Fig. 7;

Fig. 9 is a schematic block diagram of a second embodiment which utilizes the
so-called "ring-around" method;

Figs. 10A and 10B illustrate the firing sequence for the transducers in the
embodiment of Fig. 9;

Figs. 11A and 11B illustrate the timing of that firing sequence of Figs. 10A
and 10B for the two transducer drivers in the embodiment of Fig. 9;

Fig. 12 is a schematic block diagram representation of a third embodiment in
which the two ultrasonic transducers transmit simultaneously; and

Fig. 13 is a schematic representation of part of the microprocessor used in the
described embodiment.

Best and Other Modes for Performing the Invention

Fig. 1 shows two ultrasonic transducers, T1 and T2, each of which can act as
either a transmitter or a receiver, disposed facing each other along the axis of a
cylindrical measurement chamber C through which a fluid F, whose flow velocity v is
to be measured, is flowing. The measurement chamber C is part of an overall
measurement circuit 30 represented schematically in Fig. 2.
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The measurement system 30 includes a controlling microprocessor 33 linked
via a2 main bus 37 to a microelectronics unit 31 which contains specialist electronics that
interconnect to the transducers T1 and T2, and to a temperature probe 32, positionabie
within the measurement chamber C to determine the temperature of the fluid F whose
flow is being measured. A battery unit 36 supplies electrical energy to the
microprocessor 32 and microelectronics unit 31, the latter of the two generating signals
for and receiving signals from the transducers T1 and T2, and determining individual
times of flight (propagation) of ultrasonic wave packets. The microprocessor 32
provides for averaging multiple times of flight and calculation of flow rate for display
on a liquid crystal display (LCD) 34 via a display bus 38. A communications interface
35 is provided to transfer the flow ratc and other data to a suitable data acquisition
system (not illustrated) but known in the art, for example from the aforementioned
International Publication No. WO 93/005689.

The value for the fluid flow velocity from the measured time of flight of an
nitrasonic signal with, and against, the fluid flow, can be derived using the expression:

vp = 0.5L(1/T; - 1Ty
where: v = Velocity of fluid in the measurement tube,
L = Length of measurement tube,
Tgq = Time-of-flight of acoustic pulse downstream, and
Ty = Time-of-flight of acoustic pulse upstream.
Accurate measurement of the time-of-flight (or propagation) is therefore the
central task in determining fluid velocity by the preferred embodiment. In the preferred
embodiment, a short acoustic pulse train is transmitted from an ultrasonic transducer at
one end of the measurement tube, which is detected (received) by a similar transducer
at the other end. After passing throngh a variable-gain amplification chain, the
réceived signal is digitised at a rate of 10 MHz by an A/D converter to give receive
data. The receive data is then input into 4 Kbyte of fast random-access-memory
(RAM). To achieve the required accuracy, the time of arrival of the acoustic signal
must be determined to within about Ins, ie. 1% of the time between digitisation
samples. It is therefore desirable to interpolate between points on the digitised signal.
This is done by performing linear regressions on the receive data in a band around the
quiescent signal level, and using the intercepts obtained thereby, together with
knowledge of the received signal frequency, to make a number of separate calculations
of the time of arrival. A weighted average of these results forms the final estimate of
acoustic transit time. To reduce the uncertainty of the measurement, in the preferred
embodiments a number of specific features are included.

Firstly, the A/D converter used is an 8-bit device which only operates over a
window covering approximately the middle one-third of the received signal, so that the
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effective precision of the conversion is increased from 8 bits to (8 + log,(3)) bits, ie.
about 9.6 bits. Such an arrangement is preferred because data points outside this
middle range of a sinusoid carry more amplitude information than timing information,
and are thus of little use to the timing measurement.

Secondly, the pulse generator for the transmitting transducer is linked directly
to the 10 MHz clock. AH crystal clocks suffer jitter to some extent, and if a separate
astable oscillator were to be triggered from a single clock transition, the full uncertainty
of the jitter would be introduced into the measurement. By tying each transition of the
acoustic pulse generator to an edge of the 10 MHz clock signal, the effect of clock jitter
is substantially averaged out.

Thirdly, because the transducers are resonant devices, albeit weakly resonant,
the frequency of the received signal may not be the same as that of the drive signal.
Under the conditions of the presently described application, if the received frequency
differs from the transmitted frequency by say 10%, and no correction is made, an over-
or under-estimate of 0.35% will occur over the entire flow range. The resonant
frequency of many ultrasonic transducers .changes noticeably with temperature, so in
calculating the arrival time of the beginning of the received signal, the period of
oscillation is not assumed to be equal to the transmitted frequency, but rather is derived

-~from the received waveform data.

One specific embodiment which realises the advantages of this method in
measuring the flow velocity of a gas, integrating this to measure the volumetric flow
and displaying that result, is depicted in Figure 7.

In Fig. 7, a measurement system 60 is shown which includes a pipe section 61
adapted for the measurement of fluid flow, two transducers 62 and 63 positioned within
the section 61 and separated by a predetermined distance for transmitting and receiving
ultrasonic signals, a battery unit 64 (not illustrated for the purposes of clarity, but
whese connection would be well understood in the art), a microprocessor 65, a liquid
crystal display (LCD) 66, a serial communications interface 67, measurement
electronics 68 for driving and receiving from the transducers and timing the ultrasonic
flight time, and a probe 10! for measuring the temperature within the pipe 61.

The microprocessor 65 is preferably a 16-bit device constructed using a “von-
Neumann" architecture and which includes 4 Kbytes of read-only memory (ROM) and
256 bytes internal RAM. Also contained in the microprocessor 65 is a universal
asynchronous receiver-transmitter (UART), an analogue-to-digital converter
(bereinafter pADC) with a current source, a timer with interrupt useable as an event
counter and a watchdog timer crystal oscillator which is a time-of-day device providing
a 32.768 kHz signal. The latter is used as a real time clock and, when multiplied up by
frequency-locked-loop techniques, is used as a clock for the microprocessor 65.
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The LCD 66 incorporates a driver which interconnects to the microprocessor
65 in a known manner.

An electronically-erasable programmable read-only memory (EEPROM) 72
connects to a system bus 79, which is controlled by the microprocessor 65, and
provides calibration information for the measurement system 60.

The serial interface 67 enables the system 60 to be coupled to external devices
through either an optical link, or some proprietary communications bus such as M-bus.

The battery unit preferably comprises a single 3.5 Volt D-size lithium cell.

A controliable crystal oscillator 70 and crystal 71 provide, via a clock bus 99,
a high-frequency clock, at a preferred frequency of 10MHz, to a high-speed (flash-
type) analogue-to-digital converter 85 (hereinafter flash ADC) and memory control
logic 74 comprising an address counter 76 and read/write control logic 75. The
oscillator 70 is started prior to a flow measurement and allowed time to settle. When
not required it is shut down to conserve power.

A transmit clock generator {transmit counter) 80 connects to the buses 79 and
99 and divides the high-frequency clock to provide a clock signal 100 for a transmit
pulse sequence generator 81. The transmit frequency can be varied under control of the
microprocessor 65 by changing the number of high-frequency clock cycles comprising
each transmit clock pulse.

The transmit pulse sequence generator 81 is formed by a shift register that
holds a bit pattern which, when clocked out, forms the transmit pulse sequence, The
bit pattern is initialised by the microprocessor 65 via the bus 79 to which the sequence
generator 81 also connects. More complex waveforms can be generated by having
more bits in the shift register and clocking at a higher rate. The edges of the outgoing
signal are synchronised by the high-frequency clock. A quantisation error is avoided at
the start of the transmit by having the transmit sequence clocked out by the same clock
that controls the flash ADC 85.

The transmit pulse sequence is supplied to four tri-state drivers 94-97, arranged
in two pairs 94 and 95, and, 96 and 97, each pair being connected to a different one of
the transducers 62 and 63. The driver pair (eg. 94,95) connected to the transducer (62)
which is going to transmit the ultrasonic signal, is enabled while the other pair (96,97)
is placed in a high impedance state, allowing the transducer (63) connected to it to act
as a receiver. The two outputs of a driver pair (94,95) are driven in anti-phase such
that when one goes high the other goes low. This effectively applies twice the drive
signal to the transducer (62).

Each of the ultrasonic transducers 62, 63 when receiving an acoustic signal
appear to the remainder of the circuit as a differential current source.
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To enable reception of the acoustic signal, each of the transducers 62, 63 is
connected to two analog multiplexers 92 and 93, which in mrn conmect to
corresponding current integrating preamplifiers 90 and 91 respectively. A schematic
representation of the analogue multiplexers 92 and 93 is given in Fig. 8. The
multiplexers 92,93 switch to select one of two different ultrasonic input sources and
connect it to the input of the preamplifier 90 or 91. The switches in the "off" state
receive the transducer drive signal.

Each preamplifier 90 and 91 amplifies the difference between the two current
signals coming from the corresponding trarducers 62 and 63. This minimises the
effect of any interference which occurs on both inputs, by cancelling out common mode
signals. The preamplifiers 90,91 also supply a DC bias for the analogue multiplexers
91,93, and in turn, the corresponding transducer 62,63.

The gain of the preamplifiers 90,91 is high enough to ensure that the only
significant noise source is in the front end amplifier thereof. The signal is low-pass
filtered while in the preamplifier stage to reduce the amptirude of the poise. It is
advantageous to maintain one pole at about 65kHz.

A differential amplifier 89 sums the outputs of preamplifiers 90 and 91, and
provides dn input to a variable gain amplifier 83. The variable gain amplifier 83 is
‘controlled by a gain control signal 82 output from the microprocessor 65 so as to give a
signal amplification range of 0 dB to 60 dB. Such a range is required because the
amplitude of the received signal varies with the direction of the ultrasonic signal, with
respect to the flow velocity, the amount of flow, and the temperature.

The received signal output from the amplifier 83 is then filtered by a band pass
filter 84 operating between 80 kHz and 170 kHz. The output of the filter 84 has a DC
level centred about a reference voltage, which is generally about half the supply voltage
provided by the battery unit 64.

The bandpass filter 84 outputs to the flash ADC 85 which preferably has an 8-
bit resolution. The flash ADC 85 converts the received signal to a digital signal at a
sampling rate equal to the high-frequency clock generated by the oscillator 70 (ie.
10MHz). Operation of the flash ADC 85 is depicted with respect to the waveform in
Figure 5. If the received signal lies between signal levels designated as Top Ref (ie. a
Top Reference} and Bottom Ref (ie. a Bottom Reference), then the digital value is a
measure of this position. If the signal exceeds Top Ref then the output is FF (Hex) and
if it is less than Bottom Ref its output is 00 (Hex).

The Top Reference is a DC level generated by a circuit 87 which provides the
upper reference voltage for the flash ADC 85. The Bottom Reference is a DC level
generated by a circuit 88 which provides the lower reference voltage for the flash ADC
85. The distance between Top Reference and Bottom Reference is preferably set to
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0.375 of the maximum height that the amplified received signal can attain without
significant distortion. The position of these voltages must be such that when the signal
is at the maximum height it is centred, so that the amplifiers 83, 87, 90 and 91 do not
clip or distort the peaks of the waveform. It is important to avoid any clipping of the
waveform by the amplifiers 83, 87, 90 and 91 because it will introduce a DC offset into
the processed received signal.

A signal reference 86 is a DC level generated from Top Ref and Bottom Ref
signal levels and lies midway between those two voltage levels. The signal reference
86 is used as the DC bias for the output of the bandpass filter 84 as discussed above.

The data samples taken by the flash ADC 85 are output on a signal data bus 78
to which a high speed static memory (SRAM 77), which preferably has a capacity of 32
kbits, and a buffer latch 73 connect, the former providing for waveform storage of part
of the received signal.

A Memory Read/Write Control unit 75 produces read and write pulses required
by the high-speed memory 77. An Address counter 76 within the control unit 75
connects to the high-speed memory 77 and includes a 12-bit counter with associated
logic.

The waveform data from the flash ADC 85 is stored in the high-speed memory
77 under control of the address counter 76 and memory read/write control logic 75.
The memory 77 has two modes of operation.

In a "Measurement mode”, data is transferred from the flash ADC 85 to the
static memory 77 in real-time. One byte is transferred for every cycle of the high-
frequency clock, corresponding to a data transfer rate of 10 Mbytes per second. The
address counter 76 provides the address to the memory 77. In this mode, the address
coupter 76 is automatically incremented for each transaction. This means that the
address has a one-to-one correspondence to the time the waveform is sampled after the
transmission of the ultrasonic sigpal.

In a "Processing mode", retrieval and processing of data by the microprocessor
65 is performed. Data can be transferred from or to the microprocessor 65 from a
selected address simply by loading the address counter 76 with the required address.
The address counter 76 is incremented on each read or write of the high-speed memory
77 by the microprocessor 65. Data from a series of addresses can, therefore, be read or
written to another address by loading the address counters 76 with the first address,
then reading out or writing the bytes in sequence. Data transfer between the memory
77 and the microprocessor 65 is via the buffer latck-73. The microprocessor 65 reads
from or writes to the latch 73 rather than directly to from or to the memory 77. This
allows the memory 77 to remain in a low-power mode most of the time while the
slower microprocessor 65 is reading or writing data.
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With reference to Fig. 13, which illustrates only part of the architecture of the
microprocessor 65, fluid temperature is measured by means of a microprocessor current
source 69 driving a resistive temperature sensor 101. The magnitude of the current
source 69 is programmed by an external resistor 102. The input from the resistive
temperature sensor 101 can then be referenced back to the supply voltage, provided by
the battery unit 64, in the same manner as the current source 69, thereby allowing a
ratiometric measurement to take place.

As mentioned above, the microprocessor 65 includes a pADC 103 which is
formed from a comparator 104, which receives the analog input, a successive
approximation register 105, and a digital-to-analog converter (DAC) 106, a
configuration well known in the art. A bidirectional buffer 107 permits coupling of
converted data onto internal buses 108 of the microprocessor 65.

For the temperature measurement, the voltage is taken directly from the sensor
101 and applied to an analogue input of the pADC 103. The sensor 101 is a resistive
temperature sensor supplied by the current source 69. The magnitude of the current
source 69 is a function of the supply voltage and is programmed by the external resistor
102, such that:

Lsource = (0.25 « Vi) / Rpxy-

“The input from the resistive temperature sensor 101 is, thus, referenced back to the

supply voltage in the same manuer as the current source 69;
Vin = (0.25 . V) o (Regns / Rpiy ), (1)
where Rg,,; is the sensor 101, a temperature varying resistive element.

The nADC 103 output is 2 linear function of the supply voltage:

Vouac=(a+ KN).Vy 2)
where a and K are known constants and N is the multiplier of the DAC 106.

The comparator 104 compares the ovtput of the DAC 106 with the voltage
from the sensor 101. This determines the N value for which Vg, = V},.

The measured value N can then be output via the buffer 107 for temperature
compensation calculations, The measurement of Ry, is ratiometric. Combining
equations (1) and (2) above removes the supply voltage from the calculation, to give:

(0.25 . Vdd) - (R;W/Rm) = (a+ K.N) . Vdd
Rons = (a+ KN) . 4.8,

Also, the buffer 107 can be used for automatic gain control whereby the
microprocessor 65 determines the appropriate value, which is then input to the DAC
106 via the buffer 107. The DAC 106 then performs a direct conversion-to provide the
gain control voltage 82. A switch 109 is provided to isolate gain control functions from
temperature functions. In view of temperature being relatively stable over more than
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one sample, which requires gain controf determination, temperature functions can be
performed when flow measurements are idle.

In an alternative configuration, a parallel or serial {eg. 12C) output of the
microprocessor 65 can drive an external DAC (not illustrated) which can directly
supply the gain control voltage 82.

Conservation of power is important for long battery life. Current consumption
is reduced by maintaining the electronics in a low power mode whenever possible. The
address counter 76 can be used to help achieve such conservation if it doubles as a
wake-up delay counter.

If the address counter 76 is initialised to a value other than zero, then the carry
from the counter 76 can be used as a wake-up interrupt to the microprocessor 65. The
microprocessor 65 wakes up and turns on the signal path electronics consisting of
preamplifiers 90,91, differential amplifier 89, variable gain amplifier 83, bandpass
filter 84, enables the memory 77 and the flash ADC 85. The microprocessor 65 then
returns (o a low power mode while the data is being collected.

Having described the structure of the measurement system 60, the
measurement of the time of flight will now be described in detail with reference to
Figure 4, which depicts schematically the flow of information and a number of method
Steps resulting from the embodiment of Fig. 7.

At Point (1), the 10 MHz clock signal, generated by the oscillator 70, provides
timing reference information. At Point (2), to cause the start of a measurement, the 10
MHz clock is used, by the counter 80 and generator 81 to gencrate a train of three
square-wave pulses of nominally equal mark/space duration, which are fed to the
transmitting transducer in the measurement tube 61 for generation of the ultrasonic
signal. In the present example, the ultrasonic signal preferably has a frequency of
approximately 125 kHz, so each cycle of the ultrasonic signal has a duration of 80
cycles of the 10 MHz clock. Use of the 10 MHz clock to generate the transmitted
signal ensures that the timing of the transmitted waveform is accurately known, At
Point (3), starting on the same clock transition as the transmitted signal, the address
counter 76 is enabled. Thus, a synchronous counter is used to generate sequential
addresses for the memory 77 at the rate of one address per 100ns.

As indicated at Point (7) in Fig. 4 and as discussed above, the output of the
receive transducer, which includes the desired analogue waveform, is passed to the
flash ADC 85 in which the conversions to digital form are triggered by transitions of
the 10 MHz clock. The memory 77 thus receives its address controf information from
the address counter 76 and its data from the flash ADC 85, at the rate of one byte every
100 ns. The static memory 77 can therefore store 409.6 us of digitised waveform.
Some time after the transmit is initiated, and while the acoustic wave packet is still
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propagating along the measuring tube 61, the flash ADC 85 and the static memory 77
are epabled and the incoming data, initially a DC level, begins to be written into the
static memory 77.

To conserve power the microprocessor 65 does not activate the static memory
77 until shortly before the expected arrival time of the acoustic signal. If conditions
have changed and the signal is missed, the measurement is repeated with more
conservative settings. Because the required part of the received waveform is much
shorter than 409.6 ps, the turnover of the address counter 76 and the subsequent
overwriting of the static memory 77 do not constitute a disadvantage.

The acoustic wave packet generated by the transmitting transducer travels

along the measurement tube 61 and, after about 500us (in a measuring tube of length
175mm and a speed of sound in natural gas reticulation systems of about 350ms-1), it is
received by the receiving transducer, resulting in an analogue electrical signal, such as
that shown in Fig. 3, being output from the receiving transducer. This signal is
amplified in a number of stages, including one variable-gain stage, and the result is a
signal, indicated at Point (5), of a known, standardised maximum amplitude. The gain-
variation derivation is described below. The received acoustic wave packet is thus
converted by the flash ADC 85 and stored in the static memory 77.
i} The microprocessor 65 stops the collection of data after the anticipated arrival
time of the acoustic wave packet. The address counter 10 MHz clock is stopped and
the 10 MHz clock to the flash ADC 85, which also functions as a write strobe to the
static memory 77, is stopped. If the wave packet is missed then the measurement is
repeated using a larger delay. The largest possible delay will correspond to the greatest
possible retardation of the acoustic wave packet due to maximum fluid flow in a fluid
of the highest density at the lowest temperature. The address counter 76 must be left
rupning during the entire period from the initiation of the acoustic signal, to the time at
which the microprocessor 65 disables the static memory 77, otherwise the position of a
data byte in static memory 77, will not correspond to its time of arrival.

With a digitised representation of the received signal in the static memory 77,
the microprocessor 65 and its associated software can then extract an estimate of the
time of arrival of the acoustic signal. This is done by resetting the address counter 76,
and switching its input from the 10 MHz clock to an output line of the microprocessor
65. A starting address is loaded into the address counter 76 and, by toggling the
aforementioned microprocessor output line, the software can access subsequent bytes of
the static memory 77 in sequence. The starting address is also loaded into a memory
location in the microprocessor 65, and this "shadow" address value is incremented
every time a data value is fetched from the static memory 77. To establish a quiescent
signal level 45 (see Fig. 3), which precedes the arrival of the acoustic wave packet and
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which acts as a reference against which all other measurements are compared, a number
of bytes, typically a power of 2 such as 128 or 256, are read from the static memory
77, summed and then averaged. The starting point for the address counter 76 must be
low enough to allow for this determination of the quiescent signal level 45 from data
received prior to the earliest anticipated arrival of the acoustic signal. The quiescent
signal level 45 is thus representative of a no-received-signal (NRS) state of the
measurement system 60. Also, the earliest anticipated arrival of the acoustic signal
represents the commencement of a measurement portion of the stored digital signal data
which is representative of an analogue signal output from the transducer indicating a
response of the transducer to the acoustic wave packet. The measurement portion can
extend for about 10 to 20 cycles of the received signal 40.

Once the quiescent signal level 45 has been determined, at Point (8) a software
circular buffer is established by the microprocessor 65, having a length preferably
corresponding to about 10 to 15% of one cycle of the acoustic signal. In the present
example, where approximately 80 signal level samples are taken per cycle, a circular
buffer size of 9 or preferably 10 bytes is suitable. The circular buffer technique permits
data to be updated without a need to physically shift each entry along one place every
time a new data item is entered. A buffer pointer, initially zero, points to the position

“in the circular buffer where the next entry is to be made. The pointer is incremented

after each new entry is made, and when the value of the pointer exceeds the length of
the circular buffer, the pointer is reset to zero. Thus, the pointer therefore "circulates”
around the circular buffer, and once the circular buffer is filled, the pointer position at
any time denotes the earliest entry in the circular buffer.

As each byte is read from static memory 77, and prior to being placed in the
circular buffer, it is compared with the quiescent signal level 45 previousiy obtained,
and the sign of the difference is compared with the value obtained from the previous
byte. If the sign is the same as that calculated from the previous byte, the received
signal has not crossed the quiescent signal level 45 and the current sign is stored for a
future comparison. If the current sign differs from the previous sign, the received
signal has crossed the quiescent signal level 45 and a limit is set that is equivalent to the
current value of the aforementioned "shadow™ address value, plus half the circular
buffer size. Bytes are then read from the static memory 77 and put into the circular
buffer until the shadow address value reaches the abovementioned limit, at which time
the circular buffer contains a set of data points approximately equally disposed about
the quiescent signal level 45, This represents a measurement segment individually
manipulable for timing calculations.

At this stage, the contents of the circular buffer are used to perform a linear
regression, indicated at Point (9) in Fig. 4, using the shadow address values
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corresponding to the time axis as the independent variable, and the data items in the
circular buffer as the dependent variable. The linear regression comprises fitting the
data pairs of voltage and time to a straight line using a least-squares technique. The
regression line technique allows an estimate of the slope of the signal as it passes
through the quiescent signal level 45, and also a time intercept value at that point time,
which are determined for each measurement segment.

At Point (10) both the slope and intercept estimates are placed in a software
First-In-First-Out (FIFO) buffer in the internal memory of the microprocessor 65, for
later use. The computationally less-efficient FIFO buffer is used for this application
because it is short, access to it is relatively simple, and it is updated at only one-fortieth
the rate of the circular buffer.

Because, as seen in Fig. 3, the received waveform begins imperceptibly and
builds up in amplitude over several cycles, it is not possible to directly determine its
starting point. The start point must be inferred by locating a later position on the
waveform (this position being used as a timing marker) and subtracting a time period
corresponding to a koown number of waveform cycles (which period in turn
corresponds to the time elapsed from the start point of the wave packet) from that time.
Typically, the position in the received signal 40 used as a timing marker in the timing
“of the tramsit of the wave packet along the tube 61 is a particular position on the
waveform when the waveform ﬁasses through the quiescent signal level 45.

The intercepts determined from the linear regression at Point (9) thus serve as
the timing markers if their absolute position can be determined within the waveform as
a whole. To do this, the successive slope values within the FIFO buffer are compared
with a stored set of slopes, referred to herein as a “template” and indicated at Point
(13). This stored template is representative of the early part of the waveform, the shape
of which may vary depending on the fluid flow rate, the properties of the fluid, and the
temperature. A convenient size for this template is two to four elements, ejther of
successive siope magnitudes of alternating sign, or alternate slope magnitudes of the
same sign. Once the FIFO buffer of slopes has been filled, as each new slope value
(including magnitude and sign) is inserted, selected elements are compared at Point (14)
with the template to obtain a sum-of-squares of differences. This measure passes
through a minimum when the template best matches the selected elements of the FIFO
slopes buffer, and the process stops the matching process when the newly calculated
sum-of-squares exceeds the previous value. At this stage, the intercepts have been
correctly located within the waveform as a whole, based on the known template, with
each intercept being nominally an integral number of half-periods from the start of the
received signal. Thus, the matching of the slopes determines a measurement position
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for each slope within the received waveform, which is related to the commencement of
the acoustic wave packet.

As indicated previously, the frequency of the received waveform may not
match that of the drive signal, meaning that the drive waveform half-period may not be
a good estimator for the balf-period of the received waveform. This is particularly so
where the signal is in the form of a short burst rather than a long wavetrain. Where the
transducers 62 and 63 are made of a material such as PVDF, the resonant frequency of
the coupled transducer/chamber/fluid combination, dominates the form of the received
signal, and this resonant frequency can vary markedly (10 to 15%) with temperature
and fluid properties. In addition, ageing effects can alter the piezo and -elastic
properties of the transducer, producing changes in the sensitivity and resonant
frequency of the system. To cater for these changes, at Point (15) 2 slow-moving
average of the received waveform period is kept for calculating the start point of the
received signal. This average can be conveniently updated from differences in the
intercept values of the FIFO buffer. A fraction of the difference between the freshly-
calculated half-period and the old balf-period value is added to the old value. If the
fraction is, for example, 0.1, then after 20 repetitions the moving average will cover
88% of a step change in the half-period. Using smaller fractions of the difference will
result in correspondingly slower responses in the moving average. This moving average
is then used, at Point (16), as the received signal half-périod.

Any intercept value in the FIFO buffer can be used to estimate the arrival time
of the start of the waveform, by subtracting the appropriate number of waveform half-
periods. To improve accuracy, more than one intercept can be used and the results can
then be averaged. It is preferable to use a weighted average, where the weighting
factors, indicated at Point {17), are derived from the slope corresponding to each
intercept. The earlier intercepts are from a low-amplitude part of the received signal
and are therefore relatively more affected by noise. Since the maximum slope of a
sinusoid is proportional to its amplitude, the weighting factors are made proportional to
the absolute slope at each intercept, averaged over temperature and fluid type. The
weighted-average estimate of the waveform start, indicated at Point (18}, is calculated
by the microprocessor 65 in terms of sample number and fractions thereof since the last
turnover of the address counter 76. In the present instance, the address counter 76
would have "turned over® at 409.6 us, so that the total time-of-flight of the acoustic
signal, indicated at Point (19) is:

Ty = (409.6 + (weighted-average estimate of waveform starr) / 10) ps.

At Point (6), a2 new gain estimate referred to above, is calculated from the
maximum slope, derived at Point (11), encountered in the FIFO buffer of slopes. The
value of the maximum slope allows the amplitude of the peak 41 to be estimated and
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hence, by adjustment of the gain of the amplifier 83, for the amplitude of the peak 41
to be held constant, or at least substantially copstant within narrow limits. Those limits
are generally within +5%, and preferably about £2.5%. To allow the gain to stray
beyond those limits can result in a mis-matching of the template to the measured slopes,
and therefore an inaccurate locating of those intercepts. If the gain of the variable-gain
amplification stage produces a signal output directly proportional to its input control
voltage, the gain re-estimate can be obtained from the equation:
G, = (Go)(Target Max. Slope)/(S,,)
where: G, = Re-cstimate of required gain,

G, = Previous gain value, and

§, = Most recent maximum slope.

However, depending on its design, the response of the gain control stage can
better be approximated by an exponential or polynomial curve. In the present case, a
cubic gives a satisfactory fit and, after linearisation, the gain prediction equation can be
expressed as:

G, = Gy +C; - Co{3J(S,, — C3))
where C;, C; and C3 are constants to fit the particular DAC 106 and amplifier
combination, which in the present case are 59, 10.24 and 10 respectively. The resuit of
such gain control is that the maximum slope, encountered in any one received wave
packet, is maintained substantially constant for consecutively transmitted wave packets.

The re-estimated gain value G, indicated in Point (12) in Fig. 4, is a number
between 0 and 255, which is fed to a DAC 106 indicated at Point (20), to produce the
gain control voltage 82, indicated at Point (6) for the gain-control amplifier stage.

At start-up, there is no previous value of maximum slope from which to derive
the new gain. Therefore, a typical value is stored in memory as the initial estimate
from which to work.

There can be occasions when the required gain must change abruptly, for
example when the temperature of the fluid changes rapidly. A particularly difficult
condition occurs when the required gain falls very suddenly and the estimate derived
from the previous measurement is much too large. Fig. 6 shows seven examples of the
effect of increasing gain on the digitised waveform, where the gain increases by a factor
of 1.5 from one plot to the next. In Plot 1 the gain is too low, whereas in Plot 7 the
gain is too high. The target condition is similar to that shown in Plot 3 or Plot 4 with ¢
or preferably 10 data points falling between the upper and lower saturation values.
Such a-condition maximises the sensitivity of fit for the linear regression exercise
which follows the gain-setting process,

A consequence of this, and an advantageous feature of the preferred
embodiment, is that the procedure for gain-setting is extremely robust, being able to
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respond well to all of the conditions likely to be met under real conditions. The
measured slope is a monotonically increasing function of the gain, so the gain-setting
process is able to adjust the gain in either direction. In particular it is able to correct
rapidly for a situation with excessively high gain.

One additional situation which must be avoided is that of zero gain. Because
the arithmetic of the microprocessor 65 is fixed-point, a very small gain value can be
truncated to zero. Because the new gain estimate is derived from the previous value by
multiplication, the gain-setting process cannot recover from a zero gain situation.
Therefore the process includes a zero check, wherein a non-zero value is substituted for
the next gain if the calculated gain value is zero.

It will be apparent from the above described method that it is not necessary to
measure the maximum or minimum values of the received signal and hence it is not
necessary to have access to that part of the waveform. This allows the electronic gain
to be set so that the peaks of the waveform lie above and below the voltage range of the
flash ADC 85. By operating in such a state the middle part of the waveform can be
digitised with an ephanced amplitude resolution. This enhances the accuracy of the
entire process of determining when the signal has passed through the NRS state.

Also, as long as the absolute position of the timing markers in the waveform

“has been determined, it is possible to use any of the occasions when the signal passes
through the NRS state as timing markers. An average can be then taken of the
estimated time of arrival of the signal based on a number of those markers. The
average is advantageously weighted according to the slope of the waveform at that time,
since the accuracy of the estimation of the time when the signal passes through the NRS
state is better when the slope of the signal is highest. _

Using the method developed, it is possible to perform all the needed processing
of the data in a single scan of the data. This has the advantage of requiring less time
and less energy for its execution than for methods that need multiple passes of the data
through the processor.

The method also makes it possible to take account of the ageing of the
transducers, or other processes that may change the shape of the waveform, by slowly
updating the template against which the waveform is compared. This is possibie
because there is a large degree of difference permitted whilst still obtaining a correct
determination of the absolute position in the waveform.

Further, by using a clocked shift register to provide the transmit pulses, the
edge jitter on the quartz cleck pulses can be reduced and hence an increase in the
accuracy of timing can be obtained.

In a second embodiment of the invention, the method and arrangement
described above is combined with the so-called "ring-around” method described in the
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above mentioned International Patent Publication No. WO 93/00569. In the
configuration of measuring tube and tramsducers described in WO 93/00569, an
ultrasonic pulse is required to be timed to an accuracy of 1.56 ns to atrain the required
flow accuracy. If a single zero crossing were used for this timing, a clock running at
640 MHz would be required. The same accuracy can be achieved at a much lower
power consumption by timing at 10 MHz and sending the signal down the tube 64
times.

In such a scheme implemented using the teachings of the present invention, the

received pulse can be examined each time to identify the crossing of the quiescent
signal level 45 on which to retransmit the next pulse. An ultrasonic burst is sampled
digitally and a delay determined which acts to inhibit retransmission until the arrival of
a nominated crossing of the uitrasonic pulse. The transit time of the ultrasonic bursts is
then determined more accurately by transmitting a sequence of ultrasonic bursts, each
burst after the first being transmitted upon reception of the immediately preceding
burst. The delay is initialised at each transmit and retransmit which occurs on a
crossing of the quiescent signal level 45 of the received ultrasonic pulse only after this
delay has expired.
) This method has the advantage that the delay to the crossing of the quiescent
signal level 45 is determined with a single ultrasonic burst so that higher order acoustic
modes from previous transmissions are not present. Further, the method requires less
energy to run a slower counter and transmit the ultrasonic signal several times. The
identification of a specific crossing is better performed from a timed delay. Acoustic
modes remaining in the tube from previous transmissions will modulate the received
ultrasonic signal and cause its envelope to vary in shape. The retransmit crossing is
little affected by residual modes because the energy of the signal is relatively high at
this position.

A crossing of quiescent signal level 45 by the received ultrasonic burst is
selected as the "retransmit crossing”. This crossing should be one which arrives before
any significant secondary modes, but also arrive far enough into the waveform to be
little affected by noise. A suitable crossing for the measuring tube described here has
been found to occur two and one half cycles into the waveform.

A measurement system 120 which realises the advantages of such a
measurement scheme is depicted in Fig. 9, where components having like structure and
function to those in Fig. 7 are provided with corresponding reference numbers, some
other common components being omitted for thé purpose of clarity, which will be
understood by those skilled in the art.

During a scan, a transmit oscillator 127 is enabled on a crossing of quiescent
signal level 45 by the received signal 40. The oscillator 127 replaces the pulse
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generator 81 of Fig. 7 and is asynchronous to a scan timing counter clock 125, and

outputs to the tri-state drivers 94-97.

The scan timing counter clock 125 is provided in a transmit controller 121,
which replaces the transmit counter of Fig. 7, and comprises a 24-bit resettable counter
used for measuring the cumulative time that it takes to send pulses from one transducer
to the other. The counter 125 is reset at the start of the first transmitted pulse in a scan
and counting is disabled after reception of the last received pulse in a scan.

Control logic 124 is provided in the controller 121 to integrate the functions of
the transmit controller 121,

The controller 12] also includes a load register 122 which receives a delay
value from the microprocessor 65 via the bus 79. That value is then placed in a delay
counter 123 which is used to time the delay before retransmission is enabled. This
counter 123 is loaded each time there is an ultrasonic transmission.

Flow measurements are specifically performed in the following stages:

1.  The transmission direction is selected using direction lines 982 and 98b.

2.  The receiver gain is adjusted, under the control of the microprocessor 635, until
the slope of the received ultrasonic bursts transitions are within an established
specification.

3.  The crossing detection delay is initialised. In this first stage, the waveform is
sampled digitally, and the time from the ultrasonic transmit to the arrival at the
detector of the crossing that has been selected to initiate a retransmit is
determined. A delay value less than this by half a period of the ultrasonic
burst, is loaded into the delay counter 123 by the microprocessor 65.

4.  In this stage of the measurement, the transit time of the ultrasonic pulses is
determined more accurately by transmitting a sequence of ultrasonic bursts,
each burst after the first being transmitted upon reception of the immediately
preceding burst. The generation, emission and detection of a single ultrasound
burst will henceforth be referred to as a "ringaround”, also sometimes known
as a "singaround”. A single scan of the fluid flow consists of two sets of a
predetermined number of ringarounds, first in one direction and then in the
other. A sequence can include any number of ringarounds, but advantageously
will involve 64.

The delay counter 123 and the timing counter 125 are started when the first
ultrasonic burst is sent. The leading edge of this first ultrasonic burst is synchronised to
the timing clock 70. The start of the second and subsequent ultrasonic bursts is
asynchronously triggered by the arrival at the detector end of the measuring tube 61 of
a specific crossing belonging to the preceding ultrasonic burst. The specific crossing
which triggers the retransmit command is the first crossing of the quiescent signal level
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45 of the required polarity (positive- or negative-going) to arrive after the delay counter
123 has timed out. The polarity required for a crossing to generate a retransmit depends
on the polarity of the preceding transmit. A comparator 126 is provided to detect these
crossings and includes inputs connected to the signal reference 86 and the bandpass
filter 84. An output of the comparator 126 connects to the transmit controller 121 to
trigger a re-transmit command.

The delay is re-loaded into the delay counter 123 at the start of the next
ultrasonic burst and immediately commences to count. The timing counter 125 is
stopped by the arrival at the detector of the specific crossing belonging to the last
ultrasonic burst. This specific crossing is also identified by the delay counter 123. At
the end of a series of ringarounds, the value in the high speed timing counter 125 is
transferred to the microprocessor 65. The second (opposite) transmission direction is
selected and the above sequence is repeated. The stored high-speed counter 125 values
for both directtons are used by software in the microprocessor 65 to caiculate the flow
rate for the scan period. The time taken by the sequence as a whole can be divided by
the number of bursts transmitted to determine the average travel time.

A ringaround sequence is usually made up of groups of four firings. This
sequence of firings is depicted in Figs. 10A and 10B. The sequence of four is made up

" of three pulses of one polarity while the third is inverted with respect to the first three
pulses.

To keep the polarity reversal away from important events, the polarity change
is achieved by adding an extra edge on the end of the transmit pulse sequence prior to
the transmit having a different polarity. In a group of four firings, the signal inverts
after the third and restores on the fourth firing. .

A ringaround sequence consists of, typically, 64 acoustic transmissions in each
direction, all but the first being triggered by reception of the preceding transmission.
To assist in cancelling the buildup of coherent acoustic noise in the measurement tube
as the ringaround sequence proceeds, the polarity of the transmitted signal is reversed
on a regular basis throughout the sequence. The sequence is notionally made up of
groups of four transmissions, with the polarity of every fourth transmission reversed
with respect to the other three. Thus, if the two possible polarities are designated "A"
and "B", a sequence of 64 transmissions could have a polarity pattern of
"AAABAAABAAAB ...", the "AAAB" pattern being repeated 16 times overall. The
polarity of the crossing comparator 126 on the received signal is reversed just after a
"B" polarity transmission and changed back again just after the first following "A"
polarity transmission to ensure that it matches the received signal polarity. Further, to
cancel errors which might be introduced due to offset on the comparator 126, the
overall polarity of the ringaround sequence is reversed for each complete gas velocity
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measurement. Thus the polarity sequence above becomes "BBBABBBABBBA ...",
again with the appropriate reversals of the polarity of the crossing comparator 126 on
every fourth transmission,

A typical timing diagram for such a measurement sequence is depicted in
Figs. 11A and 11B.

A further embodiment of the invention comprises a measurement system 140
schematically depicted in Fig. 12 and in which transmission of the ultrasonic signal
simultaneously occurs in both directions relative to the direction of fluid flow. Again,
like reference mumerals are used for like components having like functions, some
components have again been omitted for the sake of clarity.

This embodiment is suitable for rapidly changing flows such as occurs in peak
flow meters. Transmission occurs from both transducers 62 and 63 at the same time,
then at a suitable time later (advantageously about 500 us in natural gas) both
transducers 62 and 63 are used as receivers for the signal transmitted by the other
transducer. Two separate sets of receive electronics are required, which correspond in
function to those of Figs. 7 and 9, but whose components are respectively identified
using the suffixes A and B.

It is extremely difficult to make the two sets of receive electronics sufficiently
‘identical in order to avoid introducing significantly different phase delays. These phase
delays vary with conditions such as temperature and gain.

To cancel out such an introduced phase difference, a filtered and attenuated
version of the transmit signal is connected to both receivers. This is achieved by
passing the outputs of the transmit pulse generator 81 firstly through a filter 141 and
then to a variable attenuator 142 controlled by a control signal 143 output from the
microprocessor 65. The variable attenuator 142 outputs to 2 fixed attenuator 144 which
supplies two analog multiplexers 92A and 93B, which are of similar construction to the
multiplexers 92 and 93 of the previous embodiments, excepting they are each of a
doubie-pole-double-throw construction, rather than a single-pole-double-throw
construction as used previously. This signal is processed by both sets of receive
electronics and stored in the memory 77. Because of the need to store two sets of
received data, the memory 77 is modified to simultaneously store double bytes (16 bits)
of data and thus has a preferred total capacity of 64 Kbits, The signal is filtered so that
its transition time is greater than eight cycles of the high frequency clock. This allows
each flash ADC 85A, 85B to obtain sufficient samples for an interpolation. The
difference in phase delay can be calculated from this stored signal and used to calculate
the correct time difference for the upstream and downstream directions.

The actual measurement procedure for this embodiment can then follow the
following sequence:



WO 97/14936 PCT/AU96/00653

10

18

2Q

25

30

35

-24 -

1. The tri-state drivers 94-97 to the up and down transducers 62,63 are enabled.
Both receivers A and B are connected to 2 transmit signal that has been
filtered, attenuated, and amplitude adjusted. Both sets of receive electronics are
enabled and a first block of the memory 77 is selected.

2. The address counter 76 is enabled and the signal transmitted in both directions,
Data, typically corresponding to only a few cycles, from both sets of receive
electronics are stored in the first block of the memory 77. That data permits
the phase delay calculation discussed above.

3. The receive electronics are disabled and a second, generally much larger, block
of the memory 77 is selected. The multiplexers 92A, 93B are changed so that
the transducers are connected to the receive electronics.

4.  To conserve power, the receive electronics are disabled until just before the
ultrasonic pulses are due to arrive.

5.  Both sets of receive electronics are enabled and data from both sets of receive
electronics are stored in the second block of the memory 77.

In such a scheme, during the transmit sequence a much reduced version of the

signal is coupled into the two preamplifiers. The amplitude of this signal is variable so
as to accommodate different gains in the receiving amplifiers. This transmit signal
“passes through the amplifier chain and the flash ADC's and is stored in the memory.
The multiplexers are then changed so as to receive the signal from the transducers and a
higher order, non-counting, memory address line is changed. The lower bits of the
address counter 76 continue to count. The receive electronics (preamplifier, variable
gain amplifier, filter, flash ADC's and memory) are all disabled until it is time to
receive the ultrasonic pulse.

The data in the first block of the memory 77 is used then to determine the
current phase delay in the manner described above. The same process is then applied to
the data in the second block of the memory 77. The phase difference for each direction
is then determined. The actual times of propagation are then determined using that data
from the second biock of the memory 77, and are adjusted where appropriate by the
calculated phase difference and then retained for averaging.

In each of the embodiments, once the microprocessor 65 determines the
average flow rate, that value can then be used to calculate the flow volume which can
be incrementally retained. The flow rate and incrememal volume over a period of time
can then be displayed by the LCD 66. Such information can also be communicated via
the serial interface 67 to a data acquisition system. Typically, flow rate calculations
can be enabled at periodic intervals, generally between 0.5 seconds and 60 seconds.
Preferably the interval is about 2 seconds.
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It will thus be apparent from the foregoing embodiments that the general
method relies on the conversion of the analogue wave packet signal to digital
information, and the subsequent use of this digital information, by comparison with a
standard digital template of selected waveform features, both to umiquely identify a
number of particular cycles of the waveform and to combine this information to give an
elapsed time measurement of significantly reduced uncertainty for the arrival of the
received wave packet. '

Further, a preferred implementation allows the response of the electronics of
the system to the no-received signal (NRS) state to be measured. This is achieved by
averaging the digitised data taken before the arrival of the signal.

The preferred implementation also allows the slope of the voltage waveform as
a function of time to be determined by a technique of fitting the data pairs of voltage
and time to a straight line vsing the feast-squares technique.

The value of the maximum slope allows the amplitude of the signal to be
estimated and hence, by adjustment of the gain of the amplifiers, for the amplitude of
the received signal to be held constant or within narrow limits.

Using the slopes of this essentially constant amplitude sigoal, it is possible to
determine the absolute position in the waveform of any feature by reference to a stored

“template. The feature used as a timing marker in the timing of the transit of the signal
down the tube is a particuia'r one of the several occasions when the waveform passes
through the NRS state.

The exact time that the waveform passes through the NRS state is determined
from the function fitted to the data pairs mentioned above, This allows the timing
accuracy to be enhanced by effectively interpolating between clock pulses, thus
overcoming the quantisation that would otherwise be present.

The preferred implementation of the present invention confers certain
advantages in its use as an ultrasonic signal timing technique.

Firstly, the preferred method is less affected by temperature than other
methods because it uses the leading part of the wave packet. This leading part of the
wave packet consists principally of the plane wave and this is much less affected by
temperature than are the higher order modes forming the latter part of the wave packet.

The preferred method also makes major use of a quantification of the slope of
the waveform as it makes a transition from a negative to a positive peak or vice versa.
An array of slopes is used to describe the waveform in a simple and concise way. This
also gives the user the ability to compare waveforms with a minimum of data. The
transition slape also confers the ability to identify the position of the transition within
the waveform and thus calculate the position of the beginning of the waveform. Each
transition slope can also be used to infer the amplitude of the accompanying peak and
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can be used as an alternative parameter to the peak beight, and thus the transition slope
provides a useful parameter for the adjustment of gain in the system.

Further, the selection of only a portion of the amplitude of the waveform can
be used judiciously to increase the accuracy obtzinable from the method. In the
preferred embodiment, an increase of accuracy corresponding to approximately 1.6 bits
is obtained by operating the analogue-to-digital converter over a window covering
approximately the middle one-third of the received signal. The data describing the
transitions are thus more accurately defined and it is therefore possible to have more
resolution in the timing. This is possible because the preferred method does not use the
peaks of the envelope for any measurement purpose and it is therefore possible to
ignore them and use the transition slope only.

The preferred method also confers the ability to accommodate any changes in
the ultrasonic sigmal which might accompany the ageing of, or any damage to, a
transducer assembly, by slowly updating the template against which the waveform is
compared. This is possible because the method permits a large degree of difference in
the size and shape of the waveform while still obtaining a correct determination of the
absolute position of the timing marker within it.

In addition, by using 2 number of the transition slopes, the preferred method

“makes more use of a greater percentage of the infomation in the waveform, rendering
it more versatile and increasing the precision with which the timing measurement is
made.

Using a specific implementation, it is possible to process all of the data in a
single scan. This requires less time and energy, and thus results in greater unattended
battery life for any system using it, than methods which require the data to pass through
the processor more than once.

) The foregoing describes only a number of embodiments of the present
invention and modifications, obvious to those skilled in the art, can be made thereto
without departing from the scope of the present invention.
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1. A method of detecting the arrival time at a transducer of an acoustic wave
packet transmitted at a first frequency, said method comprising the steps of:

5 (a) converting, at a sampling frequency, an analogue signal output from
said transducer into digital signal data;

)] determining a measurement portion of said digital signal data, said
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measurement portion corresponding to a response of said transducer to said acoustic
wave packet;

{c) determining from said measurement portion a plurality of slopes (S
for a corresponding plurality (i) of measurement segments of said response, each of said
segments being about a signal level vaiue (V); and

() determining from at least selected ones of said slopes (S;), the arrival
time (#) of said acoustic wave packet.

2. A method as claimed in claim 1, comprising the further step, between steps (c)
and (d) of:
(ca) determining, for selected ones of said segments, a corresponding

“measurement time (4;) indicative of a time at which said response intercepts said signal

level value (V);
wherein step (d) comprises determining said arrival time (f) from said
corresponding measurement times (4;).

3. A method as claimed in claim 2, comprising the further step, between steps (¢)
and (ca) of:

(caa) matching said slopes (§;) with a corresponding reference set of slopes
(7}) to determine a measurement position of each of said segments in said measurement
portion;

wherein step (ca) comprises determining said corresponding measurement times
(A4;) from the corresponding one of said measurement positions.

4. A method as claimed in claim 1, wherein sep (c) comprises allocating a set of
(k) points of said digital signal data to each said measurement segment (i), each said
measurement segment (i) being centred around two adjacent points whose values lie on
either side of said signal level value (V}, fitting a straight line to each set of points, and
then determining the slope (S)) of each said straight line.
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5. A method as claimed in claim 4, wherein said straight line is a line joining said
two adjacent points.

6. A method as claimed in claim 4 or 5, wherein the vatue of (%) is related to the
ratio of the sampling frequency to the first frequency, and to the consequential spacing
of said digital signal data in said measurement portion.

7. A method as claimed in claim 4, 5 or 6, wherein k is equal to one eighth of the
number of points per cycle.

8. A method as claimed in claim 7, where the value of £ is 10.

9. A method as claimed in claim 8, wherein each slope (P;) of said reference set
of slopes is associated with a specific position parameter () marking the position of a
signal polarity transition within said wave packet, said parameter () corresponding to
the number of half-wave periods between the beginning of said wave packet and the
particular signal polarity transition.

10. A method as claimed in claim 9, where step (d) comprises the following sub-
steps:

(da)  assigning a weighting factor (W;) to each of said measurement times
(A;) based upon the corresponding position parameter (n);

{db) selecting {m) of said measurement times (4;) as those to be used in the
determination of the arrival time (9);

(dc)  determining a mean half-wave period (¢} from time intervals between
adjacent ones of said {m) selected measurement times (4;);

(dd)  determining, for each of the (m) selected measurement times (4;), of
an estimated arrival time of said wave packet at the transducer, using the expression
4 =A;-nt;

(de) determining a sum, over the (m) measurement times (4;}, of a product
of the weighting factor (W) assigned to each said measurement time and the
corresponding estimated arrival time (z;); and

(df) determining the arrival time {f) of said acoustic wave packet by
dividing the sum from step (de} by a sum of the (m) weighting factors (W}).

11, A method as claimed in claim 10, wherein each said weighting factor (W), is
proportional to the slope (S;), of the corresponding one of said segments.
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12. A method as claimed in claim 10 or 11, where m has a value from 2 to 20.
13. A method as claimed in claim 12, where the value of m is 6.
5 14. A method as claimed in any one of claims 10 to 13, wherein step (db)
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comprises selecting said measurement times (4;) dependent upon at least one of the
precision of determination of the measurement time, the closeness of match to the
reference set of slopes (Pj), and the freedom from interference of said measurement
portion from high-order acoustic modes.

1s. A method as claimed in claim 1, wherein said sampling frequency is used to
generate said acoustic wave packet and preferably said first frequency is a sub-muitiple
of said sampling frequency.

16. A method as claimed in claim 1, wherein said signal level value (V) is derived
from averaging that said digital signa! data received in advance of said measurement
portion.

“17. A method as claimed in claim 1, wherein step (a} comprises the continuous
conversion of said signal.

18. A method as claimed in claim 1, wherein a maximum magnitude of one of said
slopes (S;) provides for an estimation of 2 maximnm amplitude of said analogue signal,
said estimation being used to maintain said maximum amplitude substantially constant.

19, A method of determining the propagation time of an acoustic wave packet
transmitted between two ultrasonic transducers, said method comprising the steps of:
(e) starting a clock operating at a predetermined frequency;
(§9] simultaneously with a transition of said clock, the steps of:
(fa) energising one of said transducers to output said acoustic wave
packet at a first frequency lower than said predetermined frequency, and
(fb) maintaining said clock as a timing reference for subsequent
detection of an arrival of said wave packet at the other of said transducers;
® detecting the arrival time of said wave packet using the method as
claimed in any one of claims 1 to 18, wherein said sampling frequency is said
predetermined frequency and is provided by said clock, and said digital signal data
including said measurement portion is stored in 2 memory whose address determination
for consccutive samples of said digital signal data is altered by said clock such that each
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address in said memory corresponds to an identifiable time after generation of said
acoustic wave packet,

20. A method as claimed in claim 19, wherein a plurality of said acoustic wave
packets are transmitted and, excepting the first transmission, the transmission of all
subsequent acoustic wave packets are synchronised to the reception of the immediately
preceding acoustic wave packet.

21. A method as claimed in claim 20, wherein upon transmission of a particular
acoustic wave packet a delay time is counted and the transmission of the next acoustic
wave packet is instituted after said delay time has elapsed and when said measurement
portion corresponding to said particular acoustic wave packet next crosses said signal
level value.

22. A method as claimed in claim 19, wherein an acoustic wave packet is
transmitted simultaneously from each of said transducers for reception by the other of
said transducers and the propagation time of each of the acoustic wave packets is thus
determined.

23. A method as claimed in claim 22, wherein step (a) further comprises
compensating for phase differences between said digital signal data converted from
analogue signals output from respective ones of said transducers.

24, A method as claimed in claim 1 wherein step (a) comprises, before said
converting, the step of:

(aa) adjusting the amplitude of said analogue signal such that 2 maximum
amplitude of said analogue signal is held substantially constant over a number of
received acoustic wave packets.

25. A method as claimed in claim 24 further comprising using the magnitude of the
maximum one of said slopes (S;) to adjust the amplitude to maintain said maximum
amplitude substantially constant and thereby said maximum slope within a
predetermined range of magnitudes.

26. A method of detecting the arrival time at a transducer of an acoustic wave
packet transmitted at a first frequency, said method being characterised by
compensating for deviations from said first frequency of said acoustic wave packet as
detected by said transducer.
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27. A system for measuring the speed of 2 moving fluid, said system comprising:
a measurement tube through which passes the fluid whose speed is to be
measured;
two ultrasonic transducers disposed in said tube and configured for transmitting
ultrasonic signals between each other;
transmission means for exciting at least one of said transducers to generate an
acoustic wave packet that propagates at a first frequency along said tube toward the
other of said transducers;
receiving means connected to at least said other transducer for detecting the
acoustic wave packet and for converting an analogue signal output from at least said
other transducer to digital signal data, said receiving means including a (first) memory
for storing said digital signal data;
processor means connected to said receiving means for determining the speed
of the fluid, said processor means comprising:
first means for determining a measurement portion of said digital
signal data, said measurement portion corresponding to a response of said other
transducer to said acoustic wave packet;
second means for determining from said measurement portion a
plurality of slopes (S;) for a corresponding plurality (/) of measurement segments of
said response, each of said segments being about a signal level value (V);
third means for determining from at Jeast selected ones of said slopes
(5;), the arrival time (f) of said acoustic wave packet.

28. A system as claimed in claim 27 further comprising fourth means for

“determining, for selected ones of said segments, a corresponding measurement time (4,)

indicative of a time at which said response intercepts said signal level value, wherein
said third means determines said arrival time (f) from said corresponding measurement
times (4;).

29, A system as claimed in claim 28, further comprising a (second) memory means
connected to said processor means for storing a reference signal, said processor means
including fifth means arranged to match parts of said reference sigmal with said
measurement portion to determine a measurement position of each of the segments in
the measurement portion, wherein said measurement times (4;) are determined using a
corresponding one of said measurement positions.
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30. A system as claimed in claim 27, further comprising means for adjusting the
magnitude of said analogue signal from at least said other transducer so that it falls
between certain limits, those limits preferably being equally displaced either side of said
signal level value, said signal level value preferably being an average of an output of
said other transducer before said measurement portion.

31. A system as claimed in claim 27 further comprising means for altering the
amplitude of said analogue signal such that a maximum amplitude of said analogue
signal is held substantially constant over a number of received acoustic wave packets.

32. A system as claimed in claim 31 wherein said altering means uses the
magnitude of the maximum one of said slopes ($;) to adjust the amplitude to maintain
said maximum amplitude substantially constant and thereby said maximum slope within
a predetermined range of magnitudes.

33. The invention of claim 1 or 27, wherein said sampling frequency is between
500kHz and 10GHz.

34, The invention of claim 33, wherein said sampling frequency is 10MHz.

35. The invention of claim 33 or 34, wherein said first frequency is between
20kHz and 5MHz.

36. The invention of claim 35 when dependent on claim 34, wherein said first

frequency is 125kHz.
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AMENDED CLAIMS

[rece@ved by the International Bureau on 14 February 1997 (14.02.97);
original claims 1-36 replaced by amended claims 1-42 (7 pages)]

1. A method of detscting the arrival time at a teansducer of an acoustic wave
packet transmitted at a first frequensy, saii method comprising the steps of:

@ converting, at a sampling frequency, an analogue signal output from
said wransducer into digital signal data;

®) determining a measurement portion of said digital signal data, seid
measurement portion corresponding to a response of said transducer to said acoustic
wave packet;

{© determining from said measurement portion a plurality of slopes (S))
for a corresponding plurality () of measurement segments of said response, each of
said segmenis being ahout & signal fevel value (V); and

(d) determining from at least selected ones of sald slopes (S;), the arrival

time {f) of said acoustic wave packet.

2. A method as claimed in claim 1, comprising the further step, between steps (¢)
and (d) of:

(ca) determining, for selected ones of said segments, a corresponding
measurement time (4;) indicative of a time at which said response intercepts szid signal
level value (V),;

i wherein step (d) comprises determining said arrival time () from said
corresponding measurement times (4,).

3. A method as claimed in claim 2, comprising the further step, between steps (c)
and (ca) of:

(caa) matching said stopes (§;) with a corresponding reference set of slopes
(P)) to determine a measurement position of each of said segments in said measurement
portion;

wherein step (ca) comprises determining said corresponding measurement
times (4, from the corresponding one of siid measurement positions.

4, A method as claimed in claim 2, wherein step (¢) comprises allocating a set of
(k) points of said digital signal dara to each said measurement segment (i), each said
measurement segment (f) being centred around two adjacent points whose values lie on
either side of szid signal level value (V), firting a straight line 1o each set of points, and
then determining the slope (S;) of each said straight line,

\\Il\l\\ i
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S. A method as claimed in claim 4, wherein said straight fine is s line joining said
two adjscent points.

6. A method as claimed in claim 4 or 5, wherein the value of (%) is related to the

ratio of the sampling frequency to the first frequency, and w the consequential spacing
of said digitat signal data in said measurement portion,

7. A method as claimed in claim 4, 5 or 6, wherein X is equal to one eighth of the
number of points per cycle.

B, A method as claimed in claim 7, where the value of i3 10,

9. A method as claimed in claim 3, wherein each slope (P;) of said reference set
of slopes is associated with a specific position parameter (n) marking the position of a
signal polerity transition within said wave packet, said parameter (1) corresponding to
the number of half-wave periods between the beginning of said wave packet and the
particular signal polarity transition.

10, A method as ciaimed in claim 9, wherein said reference set of slopes is
updated over time in order to compensate for changes in szid analogue signat.

11. A method as claimed in claim 10, wherein said reference set of slopes is
updated to follow a slow-moving average of said slopes (;).

12. A method as claimed in claim 9, where step (d) comprises the following sub-
steps:

(da) gssigning a weighting factor (W)) to each of said measurement times
{A4;) based upon the corresponding position parameter (r);

(db) selecting () of said measurement times (4;) as those to be used in the
determination of the arrival time (f);

(de) determining a mean half-wave period (t) from time intervals between
adjacent ones of said (m) selected measurement tmes (4;);

(dd)  determining, for each of the (m) seiccted measurement times (4;). of
an estimated arrival time (f7) of said wave packet at the transducer;

(de)  determining a sum, over the (m) measurement times (4;), of a product
of the weighting factor (W) assigned to each said mcasurement time and the
corresponding estimated arrival time (7;); and
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(df)  determining the arrival time (/) of sald acoustic wave packet by
dividing the sum from step (de) by 2 sum of the (m) weighting factors (W)).

13. A method as claimed in ¢laim 12, wherein step (dd) comprises determining the
estimated arrival time (¢;) using the expression #; = 4; - n.7.

14, A method as claimed in claim 12 or 13, wherein each said weighting factor
(W), is proportional to the slope (§)), of the corresponding one of said segments,

15. A method as claimed in claim 12, 13 or 14, where m has a value from 2 to 20.
16. A method as claimed in claim 15, where the valuve of mis 6.

17. A method as claimed in any one of claims 12 to 16, wherein ztep (db)
comprises selecting said measurement times (4;) dependent upon at Ieast one of the
precision of determination of the measurement time, the closeness of mawch to the
reference set of slopes (P)), and the freedom from interference of said measurement
portion from high-order acoustic modes.

18. A method as claimed in claim 1, wherein said sampling- frequency is used to
generate said acoustic wave packet and preferably said first frequency is a sub-mulriple
of said sampling frequency.

19, A method as claimed in claim 1, wherein said signal level value (V) is derived
from averaging that said digital signal data received in advance of said messurement
portion.

20. A method as claimed in claim 1, wherein step (a) comprises the continuous
conversion of said signal.

21. A method as ¢laimed in claim 1, wherein a2 maximum magnitude of one of said
slopes (S, provides for an cstimation of & maximum amplitude of said analogue signal,
said estimation being used to maintain said maximum amplitude substantially constant.

22. A method as claimed in claim i, wherein step (a) comprises, before said
converting, the step of;
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{an)  adjusting the amplitude of said analogue signal such that a2 maximum
amplitude of sald anmalogue signal is held substantially constant over a number of
received acoustic wave packets.

a3, A method as claimed in claim 22, further comprising using the magnimde of
the maximum one of said slopes (S)) to adjust the amplitude to maintain said maximum
amplitude substantially constant and thereby sgid maximum slope within &
predetermined range of magnimdes.

4. A method of dstermining the propagation time of an acoustic wave packet
transmitted between two ultrasonic transducess, said method comprising the steps of:
(e) starting a clock operating at a predetermined frequency;
0] simulranecusly with a transition of said clock, the steps of:
(fa) cnergising one of said transducers to output sald acoustic wave
packet at a first frequency lower than said predetermined frequency, and
(fv) mainwining said clock as a timing reference for subsequent
detection of an arrival of said wave packet at the other of said transducers;
® detecting the arrival time of said wave packet using the method as
claimed in any one of claims 1 to 23, wherein said sampling frequency ia said
predetermined frequency and is provided by said clock, and said digital signal data
including said measurement portion is stored in 2 memory whose address determination
for consecutive samples of said digital signal data is altered by said clock such that each
address in said memory corresporkis to an identifiable time after geperation of said
acoustic wave packet.

28, A method as claimed in claim 24, wherein 2 plurality of said scoustic wave
packers are transmitted and, excepting the first transmission, the transmission of all
subsequent acoustic wave packets are synchronised 10 the reception of the jmmediately
precading acoustic wave packet.

26. A method as claimed in claim 25, wherein upon transmission of a particular
acoustic wave packet a delay time is counted and the transmission of the next acoustic
wave packer is instimated after said delay time has elapsed and when said measurement
portion corresponding to said particular acoustic wave packet next crosses said signal
fevel value.

27. A method as claimed in claim 24, wherein gn acoustic wave packet is
transmitted simultaneously from each of said transducers for reception by the other of
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said transducers angd the propagation time of each of the dcoustic wave packets is thus
determined.

28. A method es claimed in claim 27, wherein step (a) further comprises
compensating for phase differences between said digital signal data converted from
analogue signals cutput from respective ones of said transducers.

29. A method of estimating the arrival time at a transducer of an acoustic wave
packet transmitted at a first frequency, said method comprising the staps of:

() converting an analogue signal output from said transducer into digital
signal data;

(b) determining from said digital signal data a waveform period for
different segments of said analogue signal;

) averaging the waveform periods, and

@ using the average and the number of segments to estimate the arrival
time.

30. A method as clrimed in claim 29, wherein step (b) comprises determining a
plurality of slopes corresponding to wamsitions of said enalogue signal about a
predetermined signal level, and using satd slopes to identify the waveform period
between adjacent ones of said slopes.

31. A method as claimed in claim 30, wherein the piurality of slopes are compared
with a set of reference siopes to identify a specific location in said analogue signal,
from which, using the average pexiod, the arrival time can be determined.

32. A method as cleimed in claim 31, wherein said set of reference slopes are
modified over time to track changes in said plurality of slopes to thereby compensate
for deviations from said first frequency of said acoustic wave packet as detected by said
transducer over time.

33. A system for measuring the speed of 2 moving fluid, said system comprising:

a measurement mbe through which passes the fluid whose speed is to be
measured,

two ultrasoni¢c transducers disposed in said tube and configured for
trapsmitting ultrasonic signals between each othar;
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transmission means for exciting at least one of said transducers to generate an
acoustic wave packet that propagates at a first frequency along ssid mbe toward the
other of said transducers;
receiving means connected to at least said other transducer for detecting the
acoustic wave packet and for converting an analogue signal output from at least said
other transducer 1o digital signal dats, said receiving means including a (first) memory
for storing said digital signal data;
processor means conrected to sgid receiving means for determining the speed
of the fluid, said processor means comprising:
first means for determining a measursment portion of said digital
signal data, said measurement portion corresponding to a response of said other
transducer to said acoustic wave packet;
second means for determining from sald measurement portion a
plurality of slopes (S;) for a corresponding plurality (i) of measurement segments of
said response, each of said segments being about a signal level value (V);
third means for determining from at least selected ones of said slopes
(5, the arrival time (f) of said acoustic wave packet,

34. A system as claimed in claim 33 further comprising fourth means for
determining, for selected ones of said segments, a corresponding measurement time (4;)
indicative of a rime at which said response intercepts said signal level value, wherein
said third means determines said errival time (¢) from said corresponding measurement
times (4.

3s. A system as claimed in claim 34, further comprising a (second) memory means
connected to satd processor means for storing a reference signal, said processor means
including fifth means arranged to match parts of said reference sipnal with said
measurement portion to determine a measurement position of each of the segments in
the measurement portion, wherein said measurement times (4;) are determined using a
corresponding one of said measurement positions.

36. A system as claimed in claim 33, further comprising means for adjusting the
magnitude of said analogue sigoal from at Jeast said other transducer so that it falls
between certain limits, those limits preferably being equally displaced either side of
said signal Jevel value, srid signal level value preferably being an average of an output
of said other transducer before said measurement portion.
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37. A system as claimed in claim 33, further comprising means for altering the
amplitude of said analogue signal such that a maximum amplitude of said analogue
signai is held substantially constant over a number of received acoustic wave packets,

38. A system as claimed in claim 37, wherein said altering means uses the
magnitude of the maximum one of said slopes (§;) 10 adjust the amplitude to maintain
said maximum amplitade substantially constant and thereby said maximum slope within
& predetermined range of magnimdes.

39. The invention of clsim 1 or 33, wherein said sampling frequency is between
500kHz and 10GHz. '

40. The invention of claim 39, wherein said sampling frequency is 10MHz.

41, The invention of claim 39 or 40, wherein said first frequency is between
20kHz and SMHz,

42, The invention of claim 41, when dependent on claim 40, wherein said first
frequency is 125kHz.
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