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In order to solve the problem that the acoustic feedback cause the raise of the complexity of
the system and computation of algorithms in active noise control of ducts, the parametric ar-
ray loudspeakers are introduced as the secondary source in this paper. The high directivity
sound beam helps parametric array loudspeakers reduce the acoustic feedback. In order to
verify the method, active noise control experiments of parametric array loudspeakers using as
a secondary source in L-shaped ducts have been completed for single frequency noise and
bifrequency noise. Furthermore, regions and areas of noise attenuation have been measured.
The experimental results show that the acoustic feedback becomes smaller for parametric ar-
ray loudspeakers using as the secondary source. Without using feedback compensation, the
noise reduction of parametric array loudspeakers is equal with coil loudspeakers’ for the sin-
gle frequency noise; whereas it is relatively imperfect for the bifrequency noise. The noise
reduction regions are the entire downstream duct from error microphone, and the noise reduc-
tion areas cover the cross-section of the duct. The experiments demonstrate that the noise re-
duction effectiveness is well and the complexity of the system and computation of algorithms
are reduced, under the condition of the parametric array loudspeakers used as secondary
source.

1. Introduction

Active Noise Control (ANC) is greatly superior in size and cost, compared with Passive Noise
Control. For the reason, it has been widely applied in the field of noise reduction. In feedforward
ANC of the duct, the sound emitted by the secondary source not only cancels noise in the down-
stream duct, but also radiates upstream to the reference microphone, then confuses the reference
signal. This is known as acoustic feedback and the path between secondary source and the reference
microphone is defined as acoustic feedback path. The acoustic feedback will reduce the perfor-
mance of noise control, and result in systems diverging even more. Therefore, it is significant to
solve the acoustic feedback. Generic methods to suppress the acoustic feedback include the acoustic
feedback neural networks, the location optimization of reference microphone, and the directivity of
secondary source.

The acoustic feedback neural network is similar to the echo cancellation® in telephone systems
in which the acoustic feedback physics path is subtracted by acoustic feedback path modelling
which can be achieved either offline? or online®. Using offline modelling, the neural network con-
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sumes fewer resources, but it is susceptible by the fluctuation of acoustic feedback physics path.
The online modelling makes the neural network adjust as the acoustic feedback physics path chang-
es; however it inevitably complicates the system and affects the system stability.

In terms of location optimization of reference microphone, Hamada et al.* proposed that ref-
erence microphone and error microphone were placed symmetrically on the secondary source. Then
the feedback signal was removed by the subtraction of two microphone signals. Kuo® gave alternate
way to reduce the acoustic feedback, which he placed the secondary source in the branch duct 45°
angle with the main duct. In summary, the performances of these methods were unfavourable.

It is another method to cancel acoustic feedback by use of the characteristics of the sound
source directivity. Jessel® and Sha et al.” designed a dipole in orthogonal direction as secondary
source for ANC in ducts. The directivity of dipole helped to decrease acoustic feedback. However,
the dipole loudspeakers require respective hardware parts, which brought the bulkiness and the
complexity of the system. In addition, Swinbanks® used multi-pole system for ANC, which included
two or more ring-shaped sound source, each of which was composed of four loudspeakers. The aim
was to get a better directivity, but the volume of the system became bulky.

Parametric array loudspeakers (PAL) enable high directivity sound along the radiation direc-
tion to be generated by the nonlinear effects of ultrasonic waves in air’. According to this feature,
the research of PAL as a secondary source of ANC has been concerned broadly. Brooks et al.* in-
vestigated the feasibility of PAL applied to ANC through combination of theoretical analysis and
experiment. Kider et al.** studied PAL and virtual sensors applied to localized active sound control
in theory. Tanaka et al.**** conducted single-frequency ANC using a steerable PAL and obtained
better results.

Certain progresses have been made about PAL used for ANC in free field. However the PAL
used for ANC in ducts need to be studied. In this paper, the PAL used as secondary source for ANC
in ducts will be studied, in order to decrease the acoustic feedback and reduce the algorithms com-
plexity.

This paper is divided into four sections. Section 2 presents the description of ANC system;
Section 3 details the measurement of noise reduction, in terms of hardware platform, experiment
configuration, and experiment results. Finally, the conclusion is shown in section 4.

2. ANC system

A block diagram of single-channel feedforward ANC systems with a neural network is shown
in Figure 1. Here P(z) is the primary path between the noise source and the error microphone,
S(z) and §(z) are the secondary path and the corresponding modelling between secondary

source and the error microphone. F(z) and If(z) are the feedback path and the corresponding

modelling from the secondary source to the reference microphone. The filtered-x LMS (FXLMS)
algorithm™* is used to adapt the ANC adaptive filter W (z). The ANC system uses the reference

microphone to pick up the reference noise r(n), processes this input with an adaptive filter to gen-
erate an antinoise y(n) to cancel the primary noise acoustically in a duct, and uses an error micro-
phone to measure the error e(n) and to update the adaptive filter coefficients. x(n) is the acoustic

feedback signal.
In the case of dashed box not present in Figure 1, the error signal z-transform is expressed as
W (z)X(2)
E(z)=P(z)X S(z)————. 1
(@) =P@X DSy 1r (o (1)
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Assuming that the system converges, the W (z) must satisfy the following equation

: P(2)
O EIALR) @
It can be also obtained that the open loop transfer function is
Hoo (2)=W (2)F(2). (3)
Due to the acoustic feedback, The ANC system will be unstable if the coefficients of W (z)are
large enough so that W (z) F (z)=1 at some frequency.

Noise
source

| _ Feedback path modeling
1
and neural network

Figure 1. Block diagram of single-channel feedforward ANC system.

In order to ensure the system stability, the problem of acoustic feedback must be solved. An
approach is to add the neural network while loudspeakers are used as the secondary source; in this
paper, another one is proposed that the PAL will be used as a secondary source without using the
neural network. The effect of method proposed by us will be validated by the experimental studies.

Real-time experiments are carried out in order to make a comparison of the amount of noise
reduction achieved by the three cases, as seen in Tab. 1. The second column of Tab. 1 indicates that
the secondary source is either coil loudspeaker (CL) or PAL,; the third column point out the algo-
rithms used in the three different cases. The neural network is the component of dotted box in Fig. 1.

Table 1. Cases of real-time experiments

Case Secondary source Algorithm
I CL FxLMS without neural network
I CL FXLMS with neural network
Il PAL FXLMS without neural network

3. Measurements of noise reduction

3.1 Hardware platform

The FXLMS algorithm was implemented on a TMS320C6713 signal processor for active
noise control. The TMS320C6713 is a high performance, floating-point DSP chip that reaches
2400MIPS and supports 300 MHz clock rates. The analog-to-digital conversion and digital-to-
analog conversion are implemented by the ADS8365 and DACB8544 respectively. ADS8365 and
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DACB8544 support about 10MHz sampling rate and 16 bits conversion accuracy. Taking into ac-
count the frequency of the noise and the computation of the processor, the sampling frequency is

designed as 16 kHz. The coefficient values of W (z) are automatically adjusted according to chang-

es of the acoustic noise sources and environmental parameters, the coefficient numbers is config-
ured as 20 besides. The update step size of coefficient is small enough so as to display the perfor-
mance comparison of both methods.

3.2 Measurements configuration

Noise, generated by the ventilating fan is transmitted through the duct into the working and
living environment. Typically, a large number of right-angle corners appear in ventilation systems.
The experiment duct in this paper is designed based on the right-angle corner structure, which is
shown in Fig. 2. This type duct is named as L-shaped duct in this paper. It is made from 1 cm hard
plastic, and the cross-section is a 10 cm X 10 cm rectangular. The SPL of primary noise is about 70
dB. The sizes of CL and PAL are 3.5 cm and 6 cm X 6¢cm, respectively. Here, the secondary
source is located at the corner and the noise source is situated at the upstream duct from the corner
of 100 cm. The reference microphone and error microphone are at 55 cm and 155 cm away from a
secondary source, respectively. At the end of the L-shaped duct, the damping material is placed to
prevent influence from reflecting. Furthermore, an acoustic filter' is used to remove spurious sound
generated at the surface of microphones.

¥~ Noise source

g Reference mic.—\ %

] % 100cm

Coil loudspeaker 55cm Sound absorbing
foam

DSp

"o
RSNV
IRV
(LR VAR Y

L shaped Duct

LAAMAAAAAA
VYV

Controller |

A Vel

Secondary source

Parametric array
loudspeaker

Figure 2. Experimental setup.

3.3 Measurements results

Base on the experimental setup, the impulse responses of a secondary path and an acoustic
feedback are identified using impulse response measurement for the CL and the PAL, as shown in
Fig. 3. The impulse response of the secondary path Sc., obtained with the classical CL secondary
source is compared with the impulse response of the feedback path F¢,, obtained with the classical
CL secondary source in Fig. 3(a). The impulse response of the feedback path with CL configuration
has a pronounced negative peak about 0.58 V at 7 ms. The amplitude of the feedback impulse is
almost equal to the amplitude of the secondary path impulse. Acoustic feedback is significant. The
impulse response of the secondary path Spa., obtained with the classical PAL secondary source is
compared with the impulse response of the feedback path Fpai, obtained with the classical PAL
secondary source in Fig. 3(b). The impulse response of feedback path with PAL configuration has a
negative peak about 0.08 V at 20 ms. Compared with Sc|, the ratio between secondary path and
acoustic feedback for Spa. is improved about 17.5 dB. Obviously, the acoustic feedback is de-
creased enormously using PAL as secondary source.
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Figure 3. Impulse responses of a secondary path and an acoustic feedback.

The results of ANC experiments are presented in Fig. 4 and Fig. 5. In Fig. 4, a performance of
ANC systems of three cases for single frequency (800 Hz) noise is presented. In Fig. 5, a perfor-
mance of ANC systems of case Il and case Il for bifrequency (600 Hz and 1200 Hz) noise is pre-
sented. The ANC system of case | diverges for bifrequency noise, thus its results is not presented in
Fig. 5.

20

Primary noise
o —reduced noise Case |
----------- reduced noise Case Il

20! —+—reduced noise Case IlI

Amplitude (dB)
N
O

-60

-80 ,". 5 H

-100%° ‘ ‘ ‘
0 500 1000 1500 2000

Frequency (Hz)
Figure 4. Frequency spectra of single frequency noise and residual noise
at error microphone position of three cases.

Compared with results of three cases in Fig. 4, it can be clearly seen that the noise reduction
amounts of case I, case Il and case 11l are about 5 dB, 38 dB and 42 dB. Obviously, the performance
of case | is the worst. The noise reduction amount of case Il is slightly less than case I11, but due to
the linearity of CL better than PAL, the residual noise energy of case Il is lower than case Ill, espe-
cially at the frequency of 1600 Hz. The frequency of 1600 Hz is the secondary harmonic of 800 Hz.
Based on the nonlinear theory of parametric array; it is generated in the L-shaped duct along with
the difference frequency 800 Hz. Nonlinear distortion of PAL impacts more to noise reduction ef-
fect of the complicated noise. In the term of algorithm complexity, case | and case 11l consume the
same resource, but less than case Il. Therefore, the PAL achieves best noise reduction effect for
single frequency at the minimum amount of computation resource.
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It can be clearly seen from Fig. 5 that the ANC experiment of case | cannot achieve the
noise reduction due to the system diverging; the noise reduction amounts of case Il are 41 dB and
44 dB at the frequencies of 600 Hz and 1200 Hz respectively; the noise reduction amounts of case
I11 are 30 dB and 33 dB at the frequencies of 600 Hz and 1200 Hz respectively. Due to harmonic
distortion and intermodulation distortion, the performance of case Il is less than case Il. However,
in the term of algorithm complexity, case Il still consume less resource than case Il. Though the
results are affected by nonlinear distortion, the noise reduction performance of the PAL is relatively
well, and the amount of consumed computation resource is least.
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Figure 5. Frequency spectra of bifrequency noise and residual noise
at error microphone position of case Il and case I11.

As the theory is different between PAL and CL, the noise reduction regions and areas in
case Il require to be validated. The experimental setups for validation are shown in Fig.6.
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Figure 6. The experimental setups for validation of noise reduction regions and areas.

Firstly, the reduction regions are measured for 800 Hz noise, as shown in Fig. 6(a). The
measurement microphone is distributed at the position of X = 10 cm, 20 cm, 30 cm and 40cm, re-
spectively. The results are listed in Tab. 2. It is seen that the amounts of noise reduction at X = 10
cm, 20 cm, 30cm and 40 cm are relatively stable, but slightly less than that measured by error mi-
crophone. The reason is that the linear modelling of secondary path for PAL produces errors in oth-
er locations.

Next, the reduction areas are measured for 800 Hz noise, as shown in Fig. 6(b). The meas-
urement microphone and error microphone are installed in the same cross-section. As the duct is
symmetrical, it is only needed to measure the results between center point and one wall. L = 0 cm
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means that the measurement microphone is located at the center point, L =5 cm means that the mi-
crophone is flush with inside wall. The results are listed in Tab. 3. It is seen that the amounts of
noise reduction at L = 0 ~ 5 cm are almost equal and present small fluctuation. It can be concluded
by experiments that the noise reduction regions can cover the downstream duct from error micro-
phone and the noise reduction areas can cover the whole cross-section, using PAL as secondary
source.

Table 2. Noise reduction regions

X (cm) 10 20 30 40
Amount of noise reduction (dB) 28 26 29 32

Table 3. Noise reduction areas

L (cm) 0 1 2 3 4 5
Amount of noise reduction (dB) 42 40 395 | 405 | 395 40

4. Conclusions

In this article, it was demonstrated that a PAL enables the secondary source high directivity
and reduces the acoustic feedback. At the same time, the PAL can be employed as a secondary
source for ANC systems and makes significant noise reduction amounts for single frequency and
bifrequency noise without using neural network. It is important that the PAL used as the secondary
source decreases the amount of computation resource. Finally, the reduction regions and areas of
the PAL can cover the entire duct downstream from error microphone by the validation experiment.

As the nonlinear distortion exists, the PAL cannot be used for broadband noise control. In the
future work, we will majorly study algorithms to reduce the nonlinear distortion and nonlinear noise
control algorithms for PAL.
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