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Ultrasonic wind velocity measurement based on DSP
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Abstract: Ultrasonic transmitting, receiving and amplifying circuits are designed. The received signals are
sampled with the high speed ADC ( analog-to-digital converter), and dealt with the DSP ( digital signal
processing) . A forward-backward IIR (infinitive impulse response) filter with no delay is designed to filter the
sampled data, and series A and B are achieved by narrow and wide band filtering, respectively. In series A, the
start point of the cycle first exceeding the threshold is calculated accurately by interpolation, and the start cycle
is detected by fitting cycles in series A and its inversion A’ to cycles in B with variance analysis. Therefore, the
start point of the start cycle is calculated precisely. By deriving the relationships between the travel time in the
opposite directions of three axes and the airflow velocities, the wind velocity and direction are calculated.
Experiments show that the reliability and the precision are improved, and the circuits are simplified.
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The sound velocity in the air is related to param-
eters such as air density, temperature, humidity, air
pressure and airflow velocity, etc. Generally instant
airflow changes the sound velocity, while the other pa-
rameters remain unchanged in the short term and can
be ignored. So the airflow velocity in a direction can
be calculated by measuring the sound velocity or the
travel time to-and-fro. The typical measures are as fol-
lows: By overlapping the transmitted and received
waves through adjusting transmit frequency, the travel
time can be calculated, and the sound velocity can be
measured with the accuracy of about 0. 02% ", but it
is not fit for automatic measurement. By measuring
the phase shifting between the transmitted and the re-
ceived waves, high accuracy can also be acquired, but
correct result cannot be guaranteed with the phase
shift more than 180°. By measuring the time from
transmitting to the start point of the received wave, or
to the peak of the first cycle, the sound velocity can
be measured, but high accuracy is difficult to achieve
by common methods due to the slightness of the re-
ceived start cycle. However with DSP, the wind veloc-
ity can be measured by processing the ultrasonic travel
time, with the precision improved and circuits simpli-
fied; moreover, ultrasonic systems with DSP have also
been realized in compensating ultrasonic sensors and
high accuracy ultrasonic range measurement'>”’ .

1 Working Principle

Suppose that the components of airflow velocity
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v in 3 right-angle axes x, y, z are v,, v,, v, and the ul-
trasonic velocity in static air is ¢. A pair of transmit-
ting-receiving ultrasonic transducers T,, T, are in a
distance of 331 mm in opposite direction of axis x.
The travel time from T, to T, is ¢,, and the time from
T, to T, is t,. By the equation of wavefront, (x —v 1)’
+(y —vvt)2 +(z - vzt)2 =(ct)’, t, and ¢, can be ob-
tained.
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Therefore the component of the airflow velocity in ax-
is x can be calculated by Eqs. (1) and (2) as
s(t, — 1))
T o0, 3)
Similarly, v, and v_ can also be calculated. By
compound of v, and v,, the wind velocity v,, and the
wind direction 6 = arcéin( v,./v,) can be calculated,
and the air flow velocity v can further be synthesized
by v, and the vertical component v..
In the perfect gas, Celsius temperature 7 and ul-
trasonic velocity ¢ have the following relationship:
T =0.002 489¢* —273. 16 (4)
By multiplying Eq. (1) and Eq. (2), we get ¢,
then put ¢’ into Eq. (4), and the instantaneous temper-

ature T can be calculated by
2

T=0. 002 489(S—+v2) ~273.16 (5)
2%1
Therefore, if we know the distance s between

transducers, by measuring the ultrasonic travel time
t,, 1, in two opposite directions, the wind velocity and
the temperature can be solved.

t, =
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2 Circuit Philosophy

The ultrasonic transmitting-receiving circuit is
shown in Fig. 1. The 40 kHz transducers are selected
because ultrasonic waves can be well coupled in the
air. Transducers transmit ultrasonic signals with a
high-voltage pulse excitation. Each transducer has a
transmitting circuit as shown in Fig. 1 instead of using
analog switches that lead to lower performance though
simplifying the circuit. In the circuit, with the level of
C, low, the NMOS FET Q, is off, and the voltage U
of the PMOS FET tube Q, is nearly zero leading to Q,
off, so low level is outputted. With C, high, Q, is duc-
ted, and the grid-voltage of Q, is divided by resistors
R; and R,. Q, is on with Ugg lower than threshold
voltage, and high level is outputted. Hence, the posi-
tive high-voltage pulses can be generated by control of
C, to excite the transducer.
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Fig.1 Ultrasonic transmitting-receiving and ADC circuit

In the receiving circuit, the current limiting resis-
tor and two Schottky diodes confine the input voltage
within about 0.4 V to prevent high voltage from into
the receiving circuit but have no effect on the slight re-
ceived signals. The non-inverting amplifier amplifies
the received signals about 200 times to acquire more
information. Zero level is adjusted to fit for the input
range of the A/D converter. By using the inexpensive
8-bit A/D converter TLC5510, each A/D conversion
can be accomplished within a single CLK cycle. For
timing precisely and freeing from data lost, the 2 K x9
bit IDT7203 FIFO is used to buffer the data before
connecting to the DSP circuit to lower the real-time re-
quirement of DSP. Read of A/D converter values and
control of the circuit and process of data are all per-
formed by the DSP system that is comprised of TI’s
TMS320C32. It can also be performed by PC104 em-
bedded module, even PCs can be adopted for conven-
ient programming in some ultrasonic detecting sys-
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3 Calculation of the Travel Time

Fig. 2 shows the output of a receiving transducer
varying with time from the beginning of transmitting.

In practice, the received signals are amplified about
200 times to accurately locate the start point of the re-
ceived wave, while the noise is also amplified and
clipping distortion occurs near the peak of the enve-
lope. The time from the beginning of transmitting to
the start point of the received wave needs to be meas-
ured, but the first cycle of received wave is very slight
and submerged in noise. The start point of the first cy-
cle is even difficult to locate, while * the amplitude of
the successive wave increases gradually. Common
methods may delay the start point for even more than
one cycle, though the average method"” can reduce
errors. A new processing method is developed in this
paper to increase the measurement accuracy.
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Fig.2 Received ultrasonic waveform

3.1 Filtering the signals

The received signal is in the narrow frequency
band with a slight frequency shifting for the Doppler
effect, and the beginning signal frequency is a little
higher than the transmitting signal. Due to the exist-
ence of background and circuit noises, power line fre-
quency interference and offset voltage, the received
signals should be filtered to decrease noise and dimin-
ish DC component. A band pass IIR elliptic filter is
suitable, with its low order to satisfy the same require-
ment of the FIR filter. Its transfer function based on Z
transform is

b(1) +b(2)z" +...+b(n, +1)z™™ 6

Ca(l) +a2)z " Hva(n, + 1)z (6)

The nonlinear phase delay cased by IIR filter can
be diminished in the following ways'®
Fig. 3. First, filtering the received series according to
Eq. (6), then reversing the filtered series order and fil-
tering it again, finally reversing the resulting series to
its original order. The transfer function based on Z
transform is

H(z)

shown in

H'(2) =H(%)H<z> 7
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Fig.3 Filtering method without delay

]

Set the sampling frequency to be 1 MHz, the pass
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band [ 35, 50] kHz, stopband attenuation 60 dB, and
the ripple 0. 01 dB, the IIR filter can be designed with
3 orders for both high pass and low pass. The coeffi-
cients of this IIR filter are » = (0. 001 8, -0.005 2,
0.004 9, 0.000 0, —0.004 9,0.005 2, -0.0018),
a=(1.000 0, -5.5002, 12.797 5, -16.1164,
11.584 4, -4.507 2,0.742 0). All the poles of the
filter are within the unit circle, and the filter is stable.
To save process time, only signals near the received
front are processed. The series filtered by this filter is
called series A shown in Fig. 4. After filtering, the
noise is greatly attenuated, and the clipping distortion
generated by over amplification is recovered. But
damped vibration caused by filtering interferes with
the discrimination of the first cycle received. Series A
is used to accurately locate zero crossing time.
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Fig.4 Series after filtering and the fitting result

Increase of bandwidth can diminish the damped
vibration. Set the pass band to be [20, 160] kHz, stop-
band attenuation 60 dB, passband ripple 0. 01 dB, a 3-
order passband filter can be designed. The coefficients
of the filter are b =(0.129 8, -0.013 4, -0.3624,
0.0000,0.3624,0.0134, -0.1298),a=(1.0000,
-3.1412,3.9924, -2.9962,1.6497, —0.560 4,
0.0562).

The filtering result of the signals is shown in Fig.
4. Due to the large bandwidth, the filtering effect gets
worse, and the clipping distortion does not disappear,
but DC component and the damped vibration are di-
minished. This series is called series B.

3.2 Locating the start point of the wave

In this system, by calculating the SSD (sum of
squares of deviations) between series B and series A,
and the SSD between series B and the reversed series
A’, the ratio of the two SSDs is calculated to judge the
start cycle. Analysis of the data of the received signal
in Fig. 4 is as follows:

1) In series A, compare the data with a threshold
voltage along the time axis from left to right and con-
firm a point which first exceeds the threshold within
several cycles of the wave received. Find the zero
crossing point 1/4 cycle ahead of the threshold point
to settle the start point named S,. Locating of S, in

this cycle is accurate for the perfect noise reduction to
series A.

2) On the left of S, of series A, take the data of a
full cycle and the data of the corresponding cycle in
series B, and judge if the cycle of series A could fit to
cycle of series B. Generally, we only test if the ampli-
tude V; of B cycle is equal to zero by #-test or F-test
with null hypothesis HO: V; = 0. For increasing the
sensitivity, the ratio of the SSD between the cycles in
A and B to the SSD between the cycles in reversed A’
and B is calculated. Suppose the distribution of noise
is normal, the SSD between y,( the data of a cycle in

A) and y,(the data of a cycle in B) is S, = 2 (yi =
i=1

y)?, and the SSD between y; = -y,

i

and y; is S,
= Y (y; +y))” . The two variances are equal, i. e. o,
izl

=0,, if the amplitude V, =0. There are no constraint
conditions between y, and y,, and between y, and y/,
therefore the degree of freedom is the sample number
n, 50 Sg /o ~x (1), Sp/o5 ~x’(n), then

Sgy/Sgy ~F(n, n) (3)
By formula (8), the hypothesis testing can be per-
formed through variance analysis. The value of F' with
99% degree of confidence is relative to the sample
number only. If sampling frequency is 1 MHz, i. e. 25
samples per cycle, then F, ,5(0.01) =2.61. Hence,
when S,/S; < 2.61, the hypothesis is true, it is
judged only as received noise, otherwise, it is judged
as a received cycle. If the sampling frequency increa-
ses to 5 MHz, i. e. 125 samples per cycle,
F 5. 1,5(0.01) =1.52. Therefore the judgment effect
of the start cycle improves notably compared with that
of an ordinary curve fitting.

3) Test the cycles of series A one by one from
right to left with step 2) until the fitting effect is no
longer significant. The fitting results are shown in
Fig. 4 and Tab. 1. The SSD ratio of the two cycles on
the right side is greater than 2. 61, it is significant. The
ratio of the third cycle on the left side is only 1. 785,
so it is not significant, and it is not a received cycle.
Only 3 cycle’s testing is needed to locate the start cy-
cle in the example. Subtracting two wave periods from
the position of §,, we can get t, =995 in 1 MHz sam-
ple rate in Fig. 4, so the travel time from transducer T,
to T, is 0. 995 ms. Obviously, this method can save
data processing time if an appropriate threshold point
is selected in step 1).

Tab.1 Results of variance analysis

Cycle Se Sy Se2/ Sk
1 6.4511 0.1377 46. 860
2 0.473 1 0.0749 6.314
3 0.070 1 0.0393 1.785
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Similarly, the ultrasonic travel time ¢, in opposite
directions along axis x and those along the other two
axes can be solved.

By the sound speed formula ¢ = s/¢, the error of
wind velocity Av caused by time measurement error
At is deduced as

Av =cAt/(s/c + At) (9)

With the transducer frequency of 40 kHz and the
distance of 331 mm, ultrasonic travel time is about
1 ms, a cycle delay 7, =25 us may result in an error
of wind velocity about 8. 1 m/s. Even a 1 s measure-
ment error may make an error about 0.33 m/s.
Therefore the locating precision of the start point can
be improved by increasing the sample frequency.

With interpolation, the start point can also be lo-
cated accurately with a relatively low sample rate.
Suppose the voltage of the rough start point S is y, in
series A. If y, <0, the zero cross point should be on
the right of S, and take the right side data y,;if y, >0,
the zero cross point should be on the left of S, and
take the left side data y,. With linear interpolation, the
time error At can further be calculated as

At =1y 17(y; =y1) (10)

Hence, the actual ultrasonic travel time is ¢ + At.
The whole cycle measurement error can be avoided
because the wind velocity change between twice con-
tinuous measures does not exceed about 8. 1 m/s.

4 Conclusion

Ultrasonic wind velocity measurement based on
DSP simplifies processing hardness compared with the
methods of sensitivity time control, signal envelope
detection, and extremum detection with differential
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processing. The measurement precision is close to the
pulse echo superposition method. Due to the measur-
ing process completed in several milliseconds, the in-
stantaneous airflow can be calculated. The average or
the maximum wind velocity, and the vertical airflow
can also be calculated. Compared with a wind vane,
hot wire anemometer, and wind pressure set, there is
no start up wind speed, no distance constant. The flex-
ibility of numerical processing methods makes it con-
venient to be improved and applied to other measure-
ments such as the flow rate of gas or liquid, and the
level of liquid or material.
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