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The distance to a target is fundamental information in many engineering applications. Recently,
an acoustic distance measurement (ADM) method has been proposed based on the interference
between transmitted and reflected waves, but it requires applying twice the Fourier transform.
The ADM method in which a linear chirp whose frequency changes linearly with lapse of time
is adopted as a transmitted sound has been proposed to reduce the number of applications of the
Fourier transform to once. The observed wave obtained by the linear chirp signal has the dis-
tance information as a periodicity in time domain. However, due to the influence of the transfer
characteristic of measuring system including a loudspeaker and microphone, the ADM method
would often estimate the spurious short distance different from true distance. The ADM method
by applying the cross-spectral method to observed signals of the adjacent two-channel (2ch) mi-
crophones has been also proposed, where the method adopts a linear chirp as transmitted wave and
removes the influence of the measuring system. In this method, Hilbert transform is used to obtain
analytic signal of linear chirp for the cross-spectrum, but Hilbert transform originally requires ap-
plying twice the Fourier transform. This paper describes an advanced study on the ADM method
by applying the cross-spectral method to observed signals of the adjacent 2ch microphones, adopt-
ing a linear chirp as transmitted wave and removing the influence of the measuring system. More
concretely, though the linear chirp signal in a time domain corresponds to the frequency spectrum,
it is not a complex signal but a real signal. To apply the cross-spectral method, the analytic signal
of linear chirp that is newly obtained using Hilbert transform filter is introduced. We confirmed
the validity of the chirp-based ADM method by performing a computer simulation and by apply-
ing it to an actual sound field.
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1. Introduction

The distance to an object (a target) is fundamental information in many engineering applications,
and an acoustical signal, especially an ultrasonic sound, often plays an essential role in measuring
such a distance. To measure this distance, it is common to use the time difference between waves
reflected and transmitted from the target[1, 2, 3, 4, 5]. However, if the reflected wave is returned before
the transmitted wave has been sufficiently attenuated, the reflected wave is buried in the transmitted
wave, and it is difficult to measure the distance to the target. A method for removing the influence of
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the transmitted wave has been proposed[6], but it requires multiple elements. On the other hand, in
the field of microwave radar, there is a technique for short-range measurements that uses the standing
wave (i.e., phase interference)[7, 8]. Using standing waves to measure distances is a very practical
approach, and simply requires the application of the Fourier transform to the power spectrum of
the observed wave. The absolute value of this Fourier transform is called the range spectrum, and
the position of its peak is the estimated value d of the distance from the microphone to the target.
We extended the method for measuring short distances by using the standing wave in the audible
sound[9, 10]. By combining this approach with knowledge of audible sound, which propagates long
distances more easily than does ultrasound, it is possible to make distance measurements over a wide
range of lengths. In addition, this method has the advantage that it can be used by anyone, since sound
radiation is not regulated by law (unlike the case for microwaves). However, as mentioned above, the
conventional acoustic distance measurement (ADM) method requires Fourier transform twice, i.e.,
from the observed wave to the power spectrum and from the power spectrum to the range spectrum.

The ADM method in which a linear chirp whose frequency changes linearly with lapse of time
is adopted as a transmitted sound has been proposed to reduce the number of applications of the
Fourier transform to once. The observed wave obtained by the linear chirp signal has the distance
information as a periodicity in time domain. However, due to the influence of the transfer character-
istic of measuring system including a loudspeaker and microphone, the ADM method would often
estimate the spurious short distance different from true distance. The ADM method by applying the
cross-spectral method to observed signals of the adjacent two-channel (2ch) microphones has been
also proposed, where the method adopts a linear chirp as transmitted wave and removes the influence
of the measuring system. In this method, Hilbert transform is used to obtain analytic signal of lin-
ear chirp for the cross-spectrum[11], but Hilbert transform originally requires two applications of the
Fourier transform.

This paper describes an advanced study on the ADM method by applying the cross-spectral
method to observed signals of the adjacent 2ch microphones, adopting a linear chirp as transmit-
ted wave and removing the influence of the measuring system. More concretely, though the linear
chirp signal in a time domain corresponds to the frequency spectrum, it is not a complex signal but
a real signal. To apply the cross-spectral method, the analytic signal of linear chirp that is newly
obtained using Hilbert transform filter is introduced. We confirmed the validity of the chirp-based
ADM method by performing a computer simulation and by applying it to an actual sound field.

2. ADM using cross-spectral method between adjacent 2ch observations
of linear chirp

Though the ADM method is given in a very simple form based on the interference between trans-
mitted and reflected waves, it requires applying twice the Fourier transform. The authors have ex-
panded the ADM method, adopting a linear chirp whose frequency changes linearly with lapse of
time as a transmitted sound to reduce the number of applications of the Fourier transform to once.
The observed wave obtained by the linear chirp signal has the distance information as a periodicity
in time domain. However, due to the influence of the transfer characteristic of measuring system
including a loudspeaker and microphone, the ADM method would often estimate the spurious short
distance different from true distance.

Figure 1 shows the positions of the microphone, the sound source (loudspeaker), and a target.
As shown in Fig. 1, the measuring system with an impulse response ¢(t)(consists of the impulse
response g, (t) of the audio playback system and the impulse responses gy (t) and gyo(t) of the audio
recording systems) affects sound observations. Here, gy (t) can be assumed to be approximated by
gma(t) (.e., gmi1(t) =~ gua(t)). In this research, the ADM is newly proposed using cross-spectral
method between adjacent 2ch observations of linear chirp. This method has advantages, such as
reducing the number of applications of the Fourier transform to once and eliminating the influence of
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Figure 1: Configuration of ADM with 2ch microphones.

the frequency characteristic of measuring system.
Let a transmitted wave vry(Z, ), a linear chirp, be a function of position = [m] and time ¢ [s], as
follows:

t—zx/c
vri(t, x) = Acos (277/ f(r)dr + 9) with f(t) = fTWt + f1, (1)
0

where A is the magnitude, 6 [rad] is the initial phase, ¢ [m/s] is the velocity of sound, f(¢) [Hz] is the
instantaneous frequency, 7' [s] is the duration of the transmitted sound, and fw [Hz](= fx — f1) is
the width between the lowest frequency f; [Hz] and the highest frequency fx [Hz].

Let us consider that the transmitted wave vry(t, z) is reflected by m targets. The wave vgy,, (¢, )
reflected by the n-th target can be expressed as follows:

t—(2dn—x)/c
v, (¢, ) = Ay, cos (27?/ f(r)ydr + 60+ gbn> , (2)
0

where 7,e/?" is the reflection coefficient of the n-th target, and d,, [m] is the position of the n-th
target.

In this paper, the two microphones, the sound source, and the target are assumed to all be located
on x axis, and the sound source and two microphones are assumed to be located at z = 0 [m], x; [m]
and x5 [m], as shown in Fig. 1. Thus, at the ¢-th microphone position x = z; [m], the composite wave
ve(t, x;)(1=1, 2), which is the composition of all waves transmitted and reflected, is formulated as:

ver(t, z;) = vni(t, z;) + Z Vgt (£, ;). (3)

n=1

To obtain the analytic signal, veq(t, ;) orthogonal to vcr(t, ;) can be computed by use of Hilbert
transform filter as
2
— :odd
h(n) =< nm 1 ods “)
0 n :even.

Thus, analytic signal ve (¢, x;) can be obtained by making vci(t, ;) and veq(t, ;) correspond to real
part and imaginary part.

ve(t, x;) = ver(t, ;) + jueg(t, z;). (5)

Actually, the impulse response g(t) of the measuring system caused by the frequency characteristics
of the loudspeaker and the microphone affects v (t, x;). Since the transmitted wave is a linear chirp,
let the frequency response of g(t) be G(f), and from f = fTWt + f1 at the time ¢, let vc(t, x;)
be again vc(f, z;) using the corresponding frequency f. In the frequency domain, cross-spectrum
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with vc(f, 1) input and ve(f, x2) output, when + is sufficiently small (7 < 1), is expressed by the
following equation (for convenience, the number of targets is one).

G Pue(f, z)ve(f, 22)
CUron2) = (e Poe(, o )
_ UE(f? xl)UC(f7 372)
o6 (f, x1)ve(f, 21)
~ ellaz—a1) {1 + 7(63(52*042) _ ej(ﬂral))} (6)
with
for (f=F0) =7 o (f—p)- 2t
a; =2 f(r)dr + 0, Bi = 2w f(rydr+0+¢. (7)
0 0

The square (i.e., cross-power) of the abosolute value of C'(f, 21, x) can be written as follows:

|C(f, 21, 22)|* = 1 + 27 {cos(az — B2) — cos(oy — B1)}, )
where
o — =22\ T) o 2d @) fwd ©)
c T ¢

Therefore, by subtracting the avgerage of |C(f, z1, 7o) |?

is obtained as follows:

from Eq.(8), the Across-power Ap(f, x1, z2)

— COoS (QWMJ" _QWMf_WC_i _ ¢) } _ (10)

In Eq. (10), the first and second terms represent the power fluctuations induced by interferences
between the transmitted and reflected waves. The components of interference are periodic functions,
and their periods are inversely proportional to the distance d — x; between microphone 1 and target
and the distance d — z» between microphone 2 and target. It can be seen that by using the cross-
spectrum, it is possible to eliminate the influence of the transmitted signal and the influence of the
measuring system.

If we apply the Fourier transform to the Ap( f, x1, z5) with respect to frequency f, we obtain

n
P(z) = / Ap(f, 21, za)e 2T df. (11)

The absolute value |P(z)| is called the range spectrum, and the location of its peak is the estimated
value d of the distance from the microphone to the target. Thus, the ideal distance spectrum |P(x)|
has two peaks © = d — x; and d — 5. If two microphones are set closely (|z; — 23| < 2fLw)’ then

two peaks are reduced to single peak at v = d — Z11%2,

3. Computer simulations

3.1 Simulation conditions

To confirm the validity of the proposed method, we performed computer simulations. The simula-
tion conditios are shown in Table 1. The distance between the microphone 1 and target is set to 0.5 m,
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and the positions of microphones 1 and 2 are located at z; = 0.0 m and x5 = 0.006 m, respectively.
The cosine linear chirp is adopted as a transmitted wave, as shown in Fig.2.

Table 1: Simulation conditions.

Sound source Linear chirp signal
Measurement time 0.464 s
Sampling frequency 44.1 kHz g
Data points in time domain 2048 £
Data points in frequency domain 2048
Frequency bandwidth 5490.9 Hz
(2153.30 7644.2 Hz) ’ T fimetln T T "
Minimum measurable distance ~ 0.03 m Flgure 2 Transmltted wave.
Sound speed 340 m/s
Reflection coefficient 0.05

3.2 Simulation results

The composite waves at microphones 1 and 2 are shown in Figs.3(a) and 4(a), respectively. These
composite waves are transformed by Hilbert transform filter as shown in Figs.3(b) and 4(b). With use
of these results, Across-power is obtained in Fig.5(a). By applying Fourier transform to this Across-
power, range spectrum | P(z)| can be given in Fig.5(b). In this figure, since the estimated distance is
0.49 m, the estimated distance catches the true value 0.5 m within the error of 0.03 m which is the
minimum measurable distance. This might demostrate the validity of the proposed method.

e

(a) For cosine chlrp wave (Real part). (b) For transformed wave (Imaginary part).
Figure 3: Composite waves at microphone 1.
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Figure 5: Results in simulation.
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4. Experiment in a real sound field

4.1 Experimental conditions

The parameters and conditions of the transmitted wave were the same as in the simulation. The
equipment used in the experiment is shown in Table 2. A plywood board was adopted as a target. In
this experiment, from the viewpoint of knowing the influences of the measuring system and transmit-
ted sound, the impulse response is obtained by TSP (Time Stretched Pulse) method [12] (note that the
number of synchronous additions is 1) and is convoluted with the transmitted sound.

W—— N
Table 2: Experimental apparatus. '
Target Plywood square
(H:30cm x W:30cmxD:0.5cm)
Audio interface ROLAND, UA-55
Loudspeaker YAMAHA, MSP5 STUDIO
Microphone AUDIO-TECHNICA, AT9904

Microphone amplifier PAVEC, MA-2016C

Figure 6: Experimental environment.

4.2 Experimental results

For the linear cosine chirp, the actually observed waves at microphones 1 and 2 are shown in
Figs.7(a) and 8(a), respectively. These observed waves are transformed by Hilbert transform filter as
shown in Figs.7(b) and 8(b). First, we applied the conventional ADM method to the observed wave of
the microphone 1. The Apower spectrum obtained by subtracting the average value from the power
spectrum of the observed wave is shown in Fig.9(a). Using this result, the range spectrum is depicted
in Fig.9(b). From Fig.9(b), in this range spectrum, a peak appears around 0.5 m of the true value, but
it is found that a larger peak appears around 0 m. This seems to be due to the trend in the Apower in
Fig.9(b), that is, the influence of the measuring system.

By using the cross-spectral method, Across-power is obtained in Fig.10(a). Applying the Fourier
transform to this Across-power and taking its absolute value yield to the range spectrum |P(x)| as
shown in Fig.10(b). In this result, there is a good agreement between the estimated and true values,
becuase the estimated distance is 0.49 m (while the true distance is 0.5 m and the minimum mea-
surable distance is 0.03 m). From these results, the effectiveness of the proposed method might be
demonstrated even in an actual sound field.

M )I HHW [ r N‘r\‘«‘ﬂ‘d‘« (W(”HM\\!\\\N\ I

.0: 0.045
Tme[ ] Tvmer ]

(a) For cosine chrrp (Real part) (b) For transformed wave (Imaginary part).
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Figure 7: Observed waves at microphone 1.
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(a) For cosine chlrp (Real part). (b) For transformed chirp (Imaginary part).

Figure 8: Observed waves at microphone 2.
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Figure 9: Experimental results by the conventional method.

ACross-power

E———
PO

/) A

5000 6000 7000 o 25
eeeeeeeee [Hz] Distance[m]

(a) A cross-power. (b) Range spectrum.

Figure 10: Experimental results by the proposed method.

5. Conclusion

We have proposed an ADM method using cross-spectrum between analytic signals at 2ch micro-
phones based on 2ch observations and their Hilbert transforms. Furthermore, we tried to confirm the
effectiveness of the proposed method in principle by performing simulation and measurement in the
actual sound field.

In the actual sound field, we could estimate the distance with an error within the minimum mea-
surable distance of 0.03 m for d = 0.5 m. In the conventional method, when the influence of the
measuring system is not removed, it was possible to obtain a peak at the position around 0.5 m, but
the peak around 0 m prevented the distance measurement. On the other hand, when the influence of
the measuring system by the cross-spectral method was removed, the peak around 0 m was reduced
and the peak at the 0.5 m position was made remarkable.

Since the measurement accuracy and robustness against noise of the proposed method also de-
pends on the shape of the target and the magnitude of the reflection coefficient, details of measurement
precision and effect of noise are to be studied in the future.
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