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In a compact active sound absorption system where the error sensor is close to
the secondary source, the near-field effect of the secondary source deteriorates
the system performance severely. This study proposes an improved method by
employing an auxiliary calibration process, in which an extra sensor is utilized
to obtain relevant impulse responses, and then these impulse responses are used
in the control process to eliminate the influence of the near-field effect. Experi-
ments are carried out in a compact active sound absorption system in a duct to
demonstrate the feasibility of the proposed method. © 2017 Institute of Noise

Control Engineering.

Primary subject classification: 38.2; Secondary subject classification: 35

1 INTRODUCTION

Using active noise control to attenuate acoustic reflec-
tion is appealing because it can remove bulky passive ab-
sorption material needed at low frequencies' . Apart from
the applications in room and duct acoustics, active sound ab-
sorption also has potential use in making objects invisible to
incident detecting waves’.

The pressure release and impedance matching meth-
ods have been proposed for absorption control by mini-
mizing the pressure behind the material or making the
equivalent impedance in front of the material equal to that
of the medium to eliminate the cause of the wave reflec-
tion®”. The performance of the pressure release method
depends on the properties of the passive material, and
two sensors are usually needed in the impedance match-
ing method to predict the reflected wave'. In order to elim-
inate the frequency limitation of the distance between two
sensors, Han et al. proposed a method to predict the
reflected wave with only one error sensor placed on the
reflection surface'!, which was further extended to a strat-
egy that controls the scattering from a rigid sphere'®. Un-
fortunately, an ideal reference signal was used in their
system, which is not practical for many applications.

The compact active sound absorption system is pre-
ferred in many circumstances due to the space limitation.
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Zhu et al. proposed a wave separation method to obtain both
the reference signal and the error signal simultaneously and
proved the feasibility of the method by several experiments
in a duct'®. However, the near-field effect of the secondary
source affects the wave separation results in a compact con-
trol system because the sensors are close to the secondary
source. This deteriorates severely the absorption perfor-
mance of the whole system.

In this study, an improved method with an auxiliary
calibration process is proposed. An extra sensor is intro-
duced in the calibration process to obtain the relevant
impulse responses, which are used to eliminate the
near-field effect in the control. An experimental system
is established in a duct to show the near-field effect on
the wave separation results and the feasibility of the
proposed method.

2 THEORY

A compact active sound absorption system in a duct is
depicted in Fig. 1, where the waves travel along the z-axis
and the secondary source is placed at the end of the duct
with z = 0. Two sensors, A and B, are placed close to the
secondary source acting as the sensors for the compact ac-
tive absorber. They are pre-calibrated for amplitude and
phase matching. In order to evaluate the acoustic absorp-
tion performance, two additional sensors, C and D, are
placed farther away from the end of the duct to measure
the sound absorption coefficients using the transfer func-
tion method'*. Position E is the midpoint location for sen-
sors A and B.

Assuming that the primary source is located in the far-
field, the incident and reflected waves by the termination
end with the compact active absorber are separated by us-
ing the integration method as'”:
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The compact active sound
absorption system

Fig. I—The compact active sound absorption system.
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where pir(7) and p.g(?) are the incident and reflected waves
at position E, respectively; pa(#) and pg(?) are the signals
captured by sensors A and B, respectively; c is the speed
of'the sound in the air; and d is the distance between sen-
sors A and B. For a digital system with a sampling fre-
quency of f;, the above integrations can be calculated
approximately with summation and many numerical meth-
ods such as the trapezoid method can be used for the calcu-

lation'”. For example:
Pa() = 3 [pa(n) + pa(n)]
N 2;f”§"; [pA(i— 1) ;pB(i— 1)
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For an active sound absorption system, p;g() is regarded

as the reference signal and p,(n) is the sound to be attenu-
ated. The FXLMS algorithm is implemented to attenuate
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the separated reflected wave with the separated incident
wave acting as the reference signal'®.

The weakness of the wave separation method using
Eqns. (3) and (4) is that plane wave propagating along
z-axis is assumed in the duct. Unfortunately, the assump-
tion does not hold for compact systems, where high-order
modal evanescent waves exist at positions A and B be-
cause they are in the near-field of the secondary source.
The sound pressure in the duct with high-order modes
can be described as'’

t An . —Clngny 2 il ]wt
p(x,y,z, HZOI;) e cos l " cos 2% l ye

(5)

where o, = \/[(nx/le + (ny/ly)z} 2 — (w/c); I,

and /, are the length and width of the cross section of the
duct, respectively; x and y are the axes parallel to the side
of /, and /,,, which are perpendicular to the z-axis; (n,, n,)
is the mode of the wave with the initial amplitude 4, ;
and o is the angular frequency. For example, in a
0.17 m x 0.17 m duct, if the amplitude of (1, 0) or (0, 1)
mode from the secondary source at z = 0 is assumed to
be 1.00 at 800 Hz, it attenuates to 0.57 at 0.05 m and to
1.52 x 10~ % at 1.15 m away from the secondary source.
These high-order modes affect the signals picked up by
the sensors significantly in the compact system.

3 METHOD

To eliminate the influence of the near-field effect, an ad-
ditional calibration process is proposed prior to the control
process. Exciting the secondary source with a narrow-band
noise whose frequencies are below the cut-off frequency of
the duct, the impulse response {wsa(n), n = 1, 2, -,
Lga — 1} between the secondary source and p(#), and
the impulse response {wgg(n), n =1, 2, =, Lgg — 1} be-
tween the secondary source and pg(n) can be estimated
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by commonly used adaptive algorithms such as the LMS
algorithm'®.

Assuming that the amplitudes of the evanescent waves
are sufficiently small at position C and the primary source
is located in the far-field, the wave due to the (0, 0) mode at
position C, pc(,0)(n), is approximately equal to p(n). With
the distance between positions C and E being /;, the time
delay between pc(,0)(n) and the wave due to the (0, 0)
mode at position E, pg,0)(n), is T = ly/c. The pgo0)n)
can be calculated as:

PE©.0) (") = Pco(n+tfs) =pcn+1f).  (6)

Set an integer number M larger than tf;, and {wy,_x(n),
n=0,1,-, L. — 1} as an impulse response with a delay of
M — tf. Note that if M — tf; is fractional, {wy,_4(n)} can
be calculated with the Lagrange interpolation method'®.
Then pc(n + tf;) can be calculated by passing pc(n + M)
through {wy,_.4(n)} as:

pcn+f) =pcln + M — (M = )]

Lo—1

=> Wi (Dpc(n+M —1).  (7)

After calculating pp o)), the equivalent impulse re-
Sponse {WSE(O,O)(n)9 n = O, 1, ey LSE(O,O) - 1} between
the secondary source and pg () can then be estimated
by the LMS algorithm'°.

In the controlling process, both the primary source and
the secondary source s(n) are excited simultaneously.

The sound pressure related only to the primary source at
positions A and B can be expressed as:

Lga—1

Pa(n) =paln) = > wsall)s(n—1),  (8)
=0
Lsp—1

ph(n) =pa(n) = > wss(l)s(n—10.  (9)
=0

The incident and reflected waves related only to the pri-
mary source at position E can be calculated similarly as that
in Eqns. (3) and (4) by:

¢ = [PRE—1)—phi—1)
b o [

Pheln) = 3 [PA0n) + b))
¢ &[PAlE=1) —py(i—1)
B 2de; [ . 2
p i) — p i
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The sound pressure due to the (0, 0) mode contributed only
by the secondary source at position E can be expressed as:

Table 1—The algorithm for the proposed compact active sound absorption system.

Calibration before the control

1. Excite the secondary source using a modeling signal s(n), and capture the signals picked up by the sensors A, B, and
C, i.e,, pa(n), ps(n), and pc(n), simultaneously. The sound pressure due to the (0, 0) mode pg,0)(7) can be calculated

from pc(n) with {wy,_.4(n)} by using Eqn. (7).

2. The equivalent impulse response {Wsg(,0)()} between the secondary source and pg,0y(#), the impulse response
{wga(n)} between the secondary source and pa(n) and the impulse response {wgp(2)} between the secondary source

and pg(n) are estimated by using the LMS algorithm.

Controlling process

1. The sound pressure related only to the far-field primary source at sensors A and B is calculated by Eqn. (9).
2. The incident and reflected waves related only to the primary source at position E are calculated by Eqns. (10)
and (11). The sound pressure due to the (0, 0) mode contributed only by the secondary source at position E

is obtained by Eqn. (12).

3. The incident wave pigo,0y(n) and the reflected wave p.g0y(n) at position E are calculated by Eqns. (13) and (14).
4. pir©,0)(n) is set as the reference signal, p,go,0)(7) as the target signal, and {wggo,0)()} as the secondary path, and then p,(n)

is attenuated by using the FXLMS algorithm.
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Finally, the plane wave component from the incident and
reflected waves at position E can be obtained by:
(13)

PiE(0,0) (n) = P?E(")a

PrE(0,0) (n) = ple(n) +PSE(0,0) (n). (14)

The proposed algorithm with the calibration process and
the controlling process is summarized in Table 1, where the
calibration ﬁlters, {WSE(O,O)(H)}a {Ws A(I’l)} and {WSB(I’Z)},

are obtained in the calibration process before the control.

amplifier

In the controlling process, only sensors A and B are re-
quired while the sensor C is removed. Therefore, the con-
trol system is compact while the near-field effect of the
secondary source is eliminated. The limitations of the pro-
posed algorithm are that the sound field (the pre-identified
transfer functions) of the system must be stable and the fre-
quencies of the primary sound must be lower than the cut-
off frequency of the duct.

4 EXPERIMENTS

In the experiment system depicted in Fig. 2, the 325-cm-
long duct has a cross section size of 17 cm x 17 cm with a
cut-off frequency of about 1000 Hz. The primary source
and sound-absorbing material are placed at the left end of
the duct so that the noise can be regarded as incident from

Signal—
unpllhu \

Power §

Fig. 2—Experimental configurations with (a) The whole system, (b) The secondary source and the

sensors and (c) The controller hardware.
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Table 2—Wave separation results with the secondary source excited by sinusoidal signal.

Wave separation Amplitude

Frequency (Hz) 300 400 500 600 700 800 900
Sensors A and B Wave in the z — direction 0.32 0.35 0.27 0.31 0.20 0.21 0.13

Wave in the z + direction 0.57 0.56 0.51 0.99 0.55 0.55 0.58
Sensors C and D Wave in the z — direction 0.08 0.07 0.07 0.16 0.08 0.08 0.05

Wave in the z + direction 0.24 0.28 0.33 0.84 0.49 0.50 0.51

far-field. The secondary source is placed at the right end of
the duct. Note that a thinner secondary loudspeaker can be
utilized and the size of the control system can be further
constrained. Sensor A is placed less than 5.0 cm to the sec-
ondary source to form a compact system, and the interval
between the sensor A and the sensor B is 4.0 cm. The dis-
tances from the calibration sensors C and D to both duct
ends exceed 110 cm. The algorithm described in Table 1
is implemented in a real time ANC controller using a
TMS320C6747 DSP processer with the sampling rate
f. =16 kHz". The normally used algorithm without the
calibration process is also implemented in the DSP plat-
form for comparison purpose. To guarantee a proper cal-
ibration and control process, all the related parameters
are chosen carefully to make sure that the system is sta-
ble without the influence of the near-field effect.

To demonstrate the influence of the near-field effect, the
secondary source is excited and the signals received by two
groups of the sensors are used to separate the acoustic wave
into the incident and reflected signals. Sensors C and D are
placed farther away from the end of the duct, so high-order
mode waves barely influence the plane wave transmission
at positions C and D. Therefore, the incident and reflected
plane waves separated from the signals received by sensors
C and D are reasonably good. In Table 2, the amplitude of
the plane wave in z + direction is much smaller than that in
z — direction calculated from the signals captured by sen-
sors C and D due to the sound absorption from the wedge
installed at the other end of the duct. The experiment
results in Table 2 show that the wave separation results at
sensors A and B are significantly deviated from those at
sensors C and D. To further manifest the near-field effect,
the measured wave amplitude at position B is compared

Table 3—The wave amplitude at position B with sec-
ondary source excited by sinusoidal sound.

Frequency pe(n) PB0,0)(1)
(Hz)
Amplitude 400 0.34 0.23
600 0.71 0.99
800 0.38 0.44

with the expected plane wave amplitude when the secondary
source is excited by sinusoidal signals, as shown Table 3.

Table 4 shows the measured sound absorption coeffi-
cients from sensors C and D with the active control system.
It can be seen that the proposed algorithm can increase the
acoustic absorption effectively at all frequencies. The per-
formance deteriorates significantly and the system is even
unstable without the proposed calibration process. For si-
nusoidal sound control results given in Table 4, the length
of all filters is 20.

To further investigate the performance of the compact
active control system, the control of the narrow-band noise
signal is also carried out. The frequency range of the narrow-
band noise is from 700 to 800 Hz. The length of all filters is
90. The absorption coefficients of the reflector before and
after control are shown in Fig. 3. It can be seen that the ab-
sorption coefficient of the reflector increases significantly
using the improved control method. It should be noted that
the whole compact system is expected to be causal, but the
delay caused by the AD/DA converters in the hardware,
which is about 200 ps, undermines the causality of the sys-
tem”. The causality of the system can be guaranteed if
some ultra-fast AD/DA converters can be used.

Note that when the active absorbing system is used in a
free field or used as a side-branch of the duct, the near-field
effect will change. For side-branch implementation, the
calibration process with auxiliary sensors is similar to the
one proposed in this paper. The control of the reflected

Table 4—The sound absorption coefficients measured
from sensors C and D.

Frequency Before control After control
(Hz) Without With
calibration calibration

300 0.05 0.45 0.98
400 0.09 0.78 1.00
500 0.19 0.83 1.00
600 0.28 0.80 0.99
700 0.36 0.93 1.00
800 0.37 0.93 1.00
900 0.36 Unstable 1.00
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Fig. 3—The absorption coefficient of the
reflector tested from the narrow-band
signal before and after control.

wave in a free field is a big and unresolved challenge,
and the near-field effect is still unavoidable as long as
the sensors are placed very close to the control sources.

5 CONCLUSIONS

The performance of active sound absorption using the
compact control system deteriorates considerably in a duct
due to the near-field effect of the secondary source. An im-
proved active control method is proposed by introducing
an effective calibration process before control. The extra
sensor is only required at the calibration process, and the
whole control system is kept in a compact form during
the control process. The experiments show that the sound
absorption coefficients increase significantly in a wide
range up to the cut-off frequency using the improved
control method.
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