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ABSTRACT

In current practical active noise control (ANC) applications, solutions to three main technical
challenges need to be sought: the requirement of a stable controller when acoustic feedback paths
exist, a larger quiet zone, and adaptation to a time-varying environment. The imposed controller
stability constraints can significantly increase the computational requirements and negatively impact
the adaptation of ANC filters in real time. Multi-channel systems are usually needed if a larger quiet
zone is required while the coupling between different channels can greatly lower the convergence rate
of adaptive algorithms. In the current work, a multi-channel adaptive constrained ANC filter design
method is proposed. The recently proposed convex cone formulation for ANC design is adopted to
reduce the computational time of solving the constrained ANC filter design problem. The optimal
filter coefficients are then redesigned continuously using convex optimization when the environment
is time-varying. The experimental result shows that, compared with the traditional leaky FXLMS
method, the proposed method has a faster convergence rate and a better steady-state noise control
performance.

1. INTRODUCTION

Active noise control (ANC) is a technique that uses additional sources, such as loudspeakers, to
produce an anti-sound to destructively interfere with unwanted noise. As a lightweight and highly
configurable noise control strategy, ANC has been applied in various applications, including vehicles
[1,2], hearables [3—6], ventilation windows [7-9], etc.

A recent trend in ANC research focuses on the practical challenges of using the ANC in wider
commercial applications. When designing ANC filters, solutions to three main technical challenges
need to be sought: a) in complicated system operation environments where the generated anti-noise
can contaminate the sensing of primary noise, the controller stability constraints are needed to ensure
a stable performance [10, 11]; b) multi-channel systems are usually required to create a larger quiet
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zone which significantly increases the filter design problem dimensions: e.g., ANC solutions for
vehicle cabins [12]; c) adaptive controllers are required for automatic adjustment to time-varying
environments. Those three challenges may be coupled together leading to even greater challenges
to design an ANC system. For example, multi-channel systems make the constraints formulations
change from simple scalar equations to complicated matrices equations, which significantly increases
the difficulties in filter coefficients computation; similarly, the coupling in different channels will
significantly lower the convergence rate of controller adaption algorithms which leads to a degraded
noise control performance; etc. Thus, an effective and efficient filter design method shall be developed
to design adaptive multi-channel ANC filters under practical constraints.

Recently, a cone-programming-based ANC filter design method was proposed by Zhuang and Liu
[13] that formulates the ANC filter design problem into a convex-constrained optimization problem
and significantly improves the required computational time by several orders of magnitude with the
help of a proposed reformulation of the ANC filter design problem to a convex cone programming
problem. Then the numerical efficiency and reliability of this cone-programming-based ANC filter
design method are further improved by using duality techniques [14]. However, this proposed method
was applied to only non-adaptive applications so far. In this paper, an adaptive constrained ANC
filter design method is developed based on this cone-programming-based ANC filter design method.
The optimal ANC filter coeflicients under practical constraints are computed by solving the cone-
programming-based design method continuously using updated system responses.

The rest of this paper is organized as follows. The previously proposed cone-programming-based
ANC filter design method and the traditional leaky FXLMS method are reviewed in Sections 2.1
and 2.2. Then the proposed adaptive constrained multi-channel ANC filter design under controller
stability constraints is explained in Section 2.3. The experimental setup and results are discussed in
Section 3. Conclusions of the current work and future works are drawn in Section 4.

2. THEORY

2.1. Review of the cone-programming-based multi-channel constrained ANC filter design
method

The cone-programming-based ANC filter design method proposed in Zhuang and Liu’s previous work
[13,14] is reviewed in this section. The system block diagram is shown in Figure 1. This multi-channel
system has N, microphones, N, loudspeakers, and N, microphones as reference sensors, secondary
sources, and error sensors respectively. In Figure 1, X denotes the primary noise signals. ¥ denotes the
reference signals collected by the reference microphones which include sound from both the primary
sources and contribution from the secondary sources via acoustic feedback path G,. ¥y denotes the
output of the controller H. d denotes the disturbance signals, i.e., noise signals from only primary
sources that are collected by the error microphones when the secondary sources are turned off. €
denotes the residue noise signals after the ANC system is activated, and the power of € is to be
minimized in the ANC filter design process. An internal model control structure can be used in the
controller H [12, 15] to cancel the effect of acoustic feedback path, where (A}S is an estimate of the
acoustic feedback path, G;. GS is assumed to be a perfect model (i.e., @S = Gy ), when operating in
a nominal working condition, this system will become a standard feedforward system (as shown in
Figure 2). G, denotes the acoustical responses matrix from the secondary sources to the error sensors.
W, denotes the frequency response matrix of the multi-channel ANC filters.

In the current work, FIR filter structure is used for ANC filters whose frequency responses are
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Figure 1: The block diagram of a multi-channel ANC system with the acoustic feedback path and
internal model structure.

s
" Controller H : — d
i i y + —
= i ; e
X i Wx i Ge + @
Noise s ! Error
Signal Secondary Path Signal

Figure 2: The block diagram of a multi-channel ANC system assuming the estimate of the acoustic
feedback path is perfect in nominal condition.

W,. Thus, at any frequency, each element of W, is a linear function of the FIR filter coefficients v?fpw.
which are calculated in the filter design process [13, 14]:

W...(f) = FL(f)Wr,,, (1)

where T
F(h=[1 et i PR

Jf denotes the frequency; f; denotes the sampling frequency. W, .(f) denotes the element at the i-th
row and j-th column of frequency response matrix W,(f). T denotes the matrix transpose operation.
Each Wy, ; is a column vector that includes the N, ANC FIR filter coefficients associated with the i-th
output and j-th input channel [13, 14].

The objective function can be formulated as the total power of error signals across the desired
frequency bands using a convex quadratic function [13]:
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where W is the variable vector to be solved and is constructed by stacking FIR filter coefficients of all
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channel pairs. In Equation 2: [13]
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where H denotes complex conjugate transpose operation, ® denotes the Kronecker product, * denotes
the complex conjugate operation, and vec() denotes the vectorization operation that converts a matrix
to a vector by stacking the columns of this matrix [16]; S,,(f;) is the cross-spectral density matrix of
X at frequency fi; S.4(fi) is the cross-spectral density matrix between the primary noise signals X and
the disturbance signals d at frequency fi; R() denotes the real part of a complex number (or matrix).

Even if the estimate of the acoustic feedback path G, is assumed to be perfect in nominal operating
conditions, the stability issue caused by the closed loop, W ( fk)és( f¢), in the controller H should still
be considered. The following constraint can be applied to ensure the stability of controller H: [13]
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where A() denotes the eigenvalues values of a matrix; €, is a small positive constant to ensure strict
stability. More details on this convex formulation of the ANC filter design problem can be referred to
reference [13]. Equation 2 and Equation 3 can then be reformulated into their simplified dual form to
further improve the numerical efficiency and reliability [14]. More details on the dual reformulation
can be referred to reference [14]. It was demonstrated in Zhuang and Liu’s work [13, 14] that this
formulation can reduce a typical constrained ANC filter design problem solution time from the order
of hours to seconds, which makes it possible to be used in adaptive control by continuously solving
the constrained ANC filter design problem with updated measured system responses.

2.2. Review of traditional leaky FxXLMS method
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Figure 3: The block diagram of a traditional leaky FXLMS method in ANC systems.

The traditional leaky FXLMS method is a common approach for designing adaptive constrained
ANC filters. Figure 3 shows a leaky FXLMS block diagram with the assumption that Gy is a perfect
model in the nominal operating condition. X is obtained by filtering the noise signals X using



the estimate of the secondary path responses G.. For each channel of the control filter, the filter
coeflicients can be updated at (n + 1)-th iteration using:
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where the indices denote i-th control speaker output, j-th reference microphone input, k-th coefficient
in the noise control filter channel, and /-th error microphone input; « is the step size that controls the

convergence rate of the adaptive algorithm; S is the leakage factor. When leakage factor § is large
enough, most of the common constraints on controllers can be satisfied [10, 11, 17-23].

2.3. Proposed adaptive constrained multi-channel ANC filter design method
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Figure 4: Block diagram of the proposed multi-channel adaptive constrained ANC filter design
method.
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Figure 5: A flowchart of the proposed multi-channel adaptive constrained ANC filter design method.



The block diagram of the proposed adaptive constrained multi-channel ANC filter design method
is shown in Figure 4 when G, is assumed to be a perfect model in the nominal operating condition.
Similar to the leaky FXLMS method, an estimate of the secondary path, G., is also required in
real-time implemenAtation. The G, is used in the proposed method to obtain the estimate of the

disturbance signal d so that the cross-spectral density matrix of X and d can be estimated during
real-time operation. The flowchart of the proposed method is shown in Figure 5. When the change of
the error signal power exceeds a prescribed threshold, it indicates a change occurs in system response

or environment characteristics, the signals X and d can then be collected for a short period (e.g., 10
seconds) of time and are used to compute updated system responses. Then the cone-programming-
based ANC filter design method can be used to compute the optimal ANC filter coefficients using
the updated system responses. By continuously implementing this procedure, the optimal ANC filter
coeflicients under practical constraints can be updated in a time-varying environment.

3. EXPERIMENTAL RESULTS

3.1. Experimental setup
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Figure 6: A picture of the experimental setup.

A multi-channel ANC system was constructed in an anechoic chamber to investigate the ANC
performance and related system characteristics of the proposed method. The experiment setup is
shown in Figure 6. Two speakers were used as primary noise sources and two speakers as secondary
sources (control sources). Two reference microphones and two error microphones were used. The
key dimensions between components are also shown in Figure 6. The data acquisition and control
algorithm were implemented using dSPACE MicroLabBox (MLBX_1302T). A high sampling rate (9
kHz) was used in the data acquisition process to reduce the electronic delay in the signal paths. After
appropriately designed anti-aliasing and reconstruction filters, the measured signal is downsampled to
3 kHz which is the controller operation sampling rate. The desired noise control band was from 100
Hz to 1.4 kHz. In each channel, the filter lengths of ANC control filters, estimated secondary paths,
and the estimated acoustic feedback paths were all chosen to be 64.



——SC1to REF1 ——REF2
SC2 to REF1 ——REF2

——8C1to ERR1 —ERR2
SC2 to ERR1 ——ERR2

-
o

10 ¢

Amplitude (dB)
o

Amplitude (dB)
o

-10 ¢ -10 ¢
200 400 600 800 1000 1200 1400 200 400 600 800 1000 1200 1400
Frequency (Hz) Frequency (Hz)
E=)
s
©
(2]
©
K
o
200 400 600 800 1000 1200 1400 200 400 600 800 1000 1200 1400
Frequency (Hz) Frequency (Hz)

(a) (b)

Figure 7: The measured frequency responses of (a) secondary paths G,, and (b) acoustic feedback
paths G;. "SCI" and "SC2" represent two control speakers; "ERR1" and "ERR2" represent two error
microphones; "REF1" and "REF2" represent two reference microphones.

The measured frequency responses of the secondary paths G, and the acoustic feedback paths Gy
are shown in Figure 7. From Figure 7, the amplitudes of the acoustic feedback paths’ frequency
responses are approximately in the same order as those of the secondary paths. This demonstrates
that the acoustic feedback paths are strong and the unconstrained optimal ANC filter may cause an
unstable closed loop W, ( fk)(A}S( fi). In practice, stability constraints should be considered by either
using the constraint Equation 3 in the cone-programming-based ANC design method or tuning the
leakage factor 8 in the leaky FXLMS method.

To create a time-varying environment in the experiment, primary noise source signals with different
frequency spectral characteristics were generated. When using the two noise source speakers to
generate noise signals, two independent white noise signals were generated digitally first and then
they were filtered by two different digital filters. The frequency response magnitudes of the two digital
filters are shown in Figure 8. Specifically, there were two types of primary noise signal characteristics:
(a) full-band case: both noise source speakers play independent noise signals from 100 Hz to 1450
Hz; (b) half-band case: one noise source speaker plays noise signal from 100 Hz to 950 Hz and
another noise source speaker plays noise signal from 600 Hz to 1450 Hz. During the experiment, the
noise signals can be switched from the full-band case to the half-band case to create a time-varying
environment.

3.2. Comparison of ANC performance

When using the leaky FXLMS method, the leakage factor § was tuned to be the smallest value
that still produces a stable controller, which was 1 x 107> in this experiment. The step length & was
tuned to be the largest value that still satisfies the convergence of the algorithm, which was 0.1 in
this experiment. Thus, in the experiment, the traditional leaky FXLMS was tuned to result in the best
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Figure 8: The designed frequency responses of (a) full-band case: digital filter passband is from 100
Hz to 1450 Hz, and (b) half-band case: one digital filter passband is from 100 Hz to 950 Hz and
another digital filter passband is from 600 Hz to 1450 Hz.

achievable ANC performance.

When implementing the proposed method, a 5 Hz frequency resolution was used in the filter
design formulations [13, 14] (i.e., the equation 2 and 3). To choose an appropriate updating interval
for the proposed method, the approximate problem solution time for the cone-programming-based
formulation in this experimental setup is required. Thus, 100 cases using the same problem dimension
in this experimental setup were first generated with random variations based on measured system
responses and then tested in MATLAB R2021a in the host PC (CPU: 11th Gen Intel(R) Core(TM) i7-
1185G7 @ 3.00GHz 1.80 GHz; RAM 32 GB; 64-bit operating system). The mean value and 3-sigma
limit (99.7%) of the required computational time (in total CPU time summing across all threads) is
5.0+ 1.8 seconds for solving the cone-programming-based ANC filter design problem, and 0.19+0.16
seconds for computing the system responses spectra from collected data. Thus, in this experimental
setup, 10 seconds were used for data collection to include sufficient data to compute the system
response spectra, and 10 seconds were used for filter coefficient computation to allow sufficient time
in solving the proposed cone-programming-based ANC design formulation and updating the ANC
filter in the controller.

The comparison of ANC performance in the time domain using the traditional leaky FXLMS
method and the proposed method is shown in Figure 9. The full-band case was first used to drive the
primary noise source speakers, the traditional FXLMS method started to update its filter coefficients
and the noise power began to decrease. For the proposed method, immediately after the system
changed from a deactivated state to an operating state, 10 seconds were used for collecting signals and
another 10 seconds were used for computing the optimal filter coefficients. After the filter coefficients
in the controller were updated using the computed optimal filter coeflicients, the noise power using
the proposed method immediately reached the optimal power level. Thus, the convergence time using
the proposed method (in the current work, it is defined as the time from the moment when a change
in system or environment characteristics occurs to the moment when the optimal control performance
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Figure 9: The comparison of ANC performance in the time domain using the traditional leaky FXLMS
method and the proposed method. The power is normalized by the total error signal power at full-band
noise sources case without using an ANC system and the reference value for the dB scale is 1.

is achieved) is 20 seconds in this experimental setup. However, the convergence time is more than
120 seconds for the traditional leaky FXLLMS method. When both methods converge, the noise source
speakers will switch to the half-band case which causes a significant increase in the residual noise
power level, because the current filter coefficients are not optimal after the change of primary noise
signal characteristics. A similar process started again where the filter coefficients were updated by
using both methods. Note that due to the limit in the data communication capability between the
host PC and the controller, the ANC performance using the proposed method is measured separately
for different stages and plotted in the same figure (i.e., the code loading period when updating the
filter coefficients is truncated from the figure to match the time indices because the device will be
temporarily shut off while loading the code). This implementation won’t affect the conclusion because
the proposed method is essentially stationary in each stage. To better compare the ANC performance
in the steady state, Figure 10 shows the ANC performance in the frequency domain when both the
traditional leaky FXLMS and the proposed method converge for (a) full-band case, and (b) half-band
case. In this figure, "ANC OFF" denotes the original noise power level when the ANC system is not
activated. Figure 9 and Figure 10 demonstrate that the proposed method has a faster convergence rate
and better steady-state ANC performance compared with the traditional FXLMS method.

4. CONCLUSIONS

In this paper, an adaptive multi-channel filter design approach is proposed for active noise control
applications under controller stability constraints. The optimal ANC filter coefficients are updated
by solving a previously proposed cone-programming-based ANC filter design method continuously
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Figure 10: The comparison of ANC performance in the frequency domain when both the traditional
leaky FXLLMS and the proposed method converge for (a) full-band case, and (b) half-band case.

using the updated system response measurements. Compared with the traditional leaky FXLMS
method, the proposed method has a faster convergence rate and better steady-state ANC performance.
The proposed method can be suitable for ANC applications where signal characteristics rapidly
change from one steady state to another different steady state: e.g., equipment speeds are switched
among some predetermined values during the operation of rotating machinery; or when various
products share the same host server in multi-task applications that the control filter coefficients can
be updated in a short time using the powerful server without adding too much marginal cost: e.g., the
smart home/office application.

In the future, other techniques can be incorporated into the proposed method to further improve its
computational efficiency. For example, the optimal filter coefficients under a previous environmental
condition can provide a better choice of an initial guess of the filter coefficients for a perturbed
environment after environment changes occur, i.e., the warmstarting techniques [24] may be applied.
The proposed method can also extend to wider applications, e.g., online secondary (or acoustic
feedback) paths identification techniques can be incorporated into the proposed method when the
secondary (or acoustic feedback) paths are time-varying.
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