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Abstract: Narrowband active noise control (NANC) systems are extensively used to cancel
narrowband noise. Direct, parallel, and direct–parallel NANC systems use nonacoustic
sensors to measure rotational speeds, and a bank of signal generators then produces
synchronized sinusoidal waveforms as reference signals corresponding to the fundamental
frequency of the undesired noise. The performance of direct NANC systems is based on
the frequency difference between two adjacent reference input sinusoids. Parallel NANC
systems apply several sinewave generators and two-weight adaptive filters in parallel to
attenuate these narrowband components. Conventional direct–parallel NANC systems
split these sinusoids into several mutually exclusive sets such that the distance between
frequencies within sets is maximized. This paper proposes an improved direct–parallel
NANC system in which reference sinusoidal signals are separated by amplitude to enhance
efficiency and improve noise reduction performance. Several experiments were conducted
using a muffler model to verify the performance of the proposed NANC system.
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1. Introduction
Rotary machines, including motors and engines, are widely used in various applica-

tions, and they typically generate noise at their fundamental frequency and its harmonics,
which are determined by their rotational speed [1–4]. In practice, 10 or more harmonics
often contribute to undesired noise from machines. Furthermore, several types of industrial
noise, such as those generated by compressors, fans, and propellers, are periodic. The
mechanical motion of these noise sources can generally be observed directly by using an
appropriate sensor. Such sensors can provide an electrical reference signal with the same
fundamental frequency as the primary noise emitted. In addition, undesirable acoustic
feedback in common active noise control (ANC) systems can be eliminated by using a
nonacoustic sensor that is synchronized with the noise source. Such a sensor generates a
reference signal that contains the fundamental frequency and all of the harmonics of the
primary noise. Various techniques can be used to generate such a reference signal for an
electronic ANC controller. These techniques are used to reduce periodic noise in many
narrowband ANC (NANC) systems, including direct, parallel, and direct–parallel systems.

Glover [5] proposed a method for eliminating multiple sinusoidal or other periodic
interferences. This method applies an adaptive filter to eliminate interferences and is
effective in scenarios involving an auxiliary reference signal that contains the interference
alone. In this method, the reference input is filtered such that it closely matches the
interference noise and is then subtracted from the primary input. Another study [6]
proposed an application based on Glover’s method for actively reducing narrowband noise.
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In this application, a reference signal, which represents selected multiple-harmonic noise
components, is generated from a predetermined table of values corresponding to a specified
range of engine rotational speeds. If the reference signal includes all of the sinusoidal
components of the interference, a notch filter for each sinusoid is created automatically by
an NANC system. This notch filter tracks changes in frequency, thus providing a simple
method for eliminating sinusoidal interference. However, if the frequencies of the reference
sinusoids are similar, the filter length must be long enough to achieve sufficient resolution
between adjacent frequencies [5]. Systems based on these principles are typically referred
to as direct NANC systems and can eliminate multiple sinusoidal or periodic interferences.

A single-frequency component can be canceled by a simple two-weight adaptive filter.
Thus, if undesired narrowband noise comprises M sinusoids, M two-weight adaptive filters
can be connected in parallel to attenuate these narrowband components. This configuration
is known as a parallel NANC system. Information in a synchronization signal is used to
generate a set of reference sinusoids. Each sinusoid is used as the reference input for the
corresponding channel of the two-weight adaptive filter. The main drawback of parallel
NANC systems is their high computational complexity; they require applying multiple
filters simultaneously, necessitating high hardware requirements such as additional pro-
cessing units, memory, and sensors. They are thus both large and expensive. Accordingly,
several recent studies have investigated miniaturizing and improving the efficiency of
parallel NANC systems. For example, Zhu et al. [7] presented a system that removes dom-
inant narrowband noise signals to improve computational efficiency. Another study [8]
developed a computationally efficient parallel NANC system; however, this system can
cancel only three target frequencies. Moreover, Zhang et al. [9] presented a parallel virtual
sensing method for ANC feedback in a headrest, but this method can target only three
undesirable narrowband frequencies.

NANC systems combining the aforementioned methods are direct–parallel systems.
These systems combine multiple reference signal generators and their corresponding
adaptive filters. A study [10] developed such a system to improve noise attenuation in
automotive applications. This system separates a collection of many harmonically related
sinusoids into mutually exclusive sets such that the distance between the frequencies within
each set is maximized. If the number of reference signal generators is equal to the number
of harmonics to be canceled, this system is equivalent to a parallel NANC system; each
reference signal contains only one sinusoidal frequency corresponding to the narrowband
noise [11].

In general, in a direct–parallel system for canceling M harmonics with K signal gen-
erators (M > K), each reference signal xk(n) (k = 1, 2, . . . , K) contains M/K staggered
sinusoidal frequencies of every other kth harmonic. Hence, the order of each adaptive
filter can be reduced. This is because the frequency difference between any two successive
sinusoidal components is larger than that in direct NANC systems.

In summary, direct NANC systems require long filters to eliminate noise with multiple
harmonics; they are thus computationally expensive. Moreover, direct NANC systems
have poor performance if the frequency separation between two consecutive harmonics is
small. By contrast, parallel NANC systems reduce only one harmonic in each channel; they
can thus have a short filter for each channel and a high learning rate. However, parallel
NANC systems require multiple sinewave generators to produce reference sinusoids from
the information provided by the corresponding synchronization signal, again resulting in
high computational complexity and hardware costs.

A direct–parallel NANC system that separates a collection of several harmonically
related sinusoids into mutually exclusively sets of maximally spaced frequencies could
be more suitable for reducing narrowband noise in practice. Furthermore, this direct–
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parallel architecture is scalable. Filters can be added as required to accommodate additional
narrowband noise components. Thus, direct–parallel NANC systems constitute a versatile
option for handling various noise sources with different frequency characteristics. Rotary
machines produce narrowband noise at their fundamental frequency and its harmonics;
typically, 10 or more frequencies must be canceled for such machines. Therefore, a direct–
parallel NANC system is likely the most feasible solution for this problem.

This study proposes an improved direct–parallel NANC system for separating refer-
ence sinusoidal signals on the basis of the amplitudes of undesired tonal noise to improve
noise reduction performance. The study used a mock-up of an automobile muffler to
demonstrate the effectiveness of the proposed system. Experimental results show that the
proposed method significantly improves the noise reduction performance when compared
with conventional method. In the meantime, the improved algorithm will not result in
higher computational effort than conventional method.

The rest of this paper is organized as follows. Section 2 presents conventional and
improved direct–parallel NANC algorithms. Section 3 presents the setup and results of
several real-time experiments conducted to demonstrate the effectiveness of the proposed
system. The computational complexity of the improved direct–parallel form NANC system
is also discussed. Finally, Sections 4 and 5 provides the discussions and conclusions.

2. Materials and Methods
Improved Direct–Parallel NANC System

Direct, parallel, and direct–parallel NANC systems are typically used to reduce nar-
rowband noise. To produce a reference signal while avoiding the acoustic feedback problem,
NANC systems capture a synchronous signal from the rotary machine instead of using
a microphone; the captured signal is input to a bank of sine wave generators. Direct
NANC systems use one sine wave generator and use the sum of multiple sinusoids as
the reference input. If the frequencies of the reference sinusoids are similar, a long filter
is required to achieve sufficient resolution between adjacent frequencies. Parallel NANC
systems use a sinewave generator and a two-weight adaptive filter for each undesired tonal
noise component, and these are connected in parallel to attenuate the components. Thus,
such systems are expensive, particularly in scenarios that require canceling many noise
frequencies. Direct–parallel NANC systems separate a collection of many harmonically
related sinusoids into mutually exclusive sets of widely spaced frequencies. This approach
of partitioning signal component frequencies can substantially improve the accuracy and
rate of convergence of each adaptive filter.

Figure 1 presents an overview of a conventional direct–parallel NANC system, where
d(n) is narrowband noise containing M harmonics with frequencies f1, f2, · · · , fM and n
is the digital sample. Assume that the undesired noise comprises a total of 24 harmonic
frequencies (M = 24) and the system has four signal generators (K = 4) for the reference
input xk(n) (k = 1, . . . , K). Each reference input signal is the sum of M/K sinusoids with
frequencies in d(n). The staggered frequencies of each set for conventional direct–parallel
NANC are outlined as follows:

k = 1 ⇒ f1, f5, f9, f13, f17, f21

k = 2 ⇒ f2, f6, f10, f14, f18, f22

k = 3 ⇒ f3, f7, f11, f15, f19, f23

k = 4 ⇒ f4, f8, f12, f16, f20, f24.
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Therefore, the reference signal xk(n) is

xk(n) =
M/K

∑
l=1

Ak,l sin(2π fk+4(l−1)nT), (1)

where Ak,l is the amplitude of the lth sinusoid at frequency fk+4(l−1) and T is the sam-
pling period. To improve the convergence speed of the error signal at the frequencies
corresponding to the valleys of the magnitude response of S(z), the amplitudes Ak,l are

Ak,l =
1∣∣∣Ŝ(ej(2π fk+4(l−1))

)∣∣∣ , (2)

for k = 1, · · · , K and l = 1, · · · , M/K. Thus, the amplitude of the kth reference sinusoid can
be set as the inverse of the magnitude response of the secondary path at the corresponding
frequency. Equation (2) is essentially similar to the normalized least mean square algo-
rithm [12] that uses a global learning rate normalized by the power estimate of x(n). In the
proposed system, an equivalent learning rate is applied for each narrowband component.
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After each input signal is processed by its corresponding adaptive filter, the output
signals are summed to obtain the antinoise signal y′(n). The weight vector is then updated
by the filtered-X least mean square (FXLMS) algorithm [13,14],

wk(n + 1) = wk(n) + µkx′k(n)e(n) (3)

In Equation (3), wk(n) =
[
w0,k(n), w1,k(n), · · · , wNk−1,k(n)

]T is the weighting vector

of Wk(z), x′k(n) =
[
x′k(n), x′k(n − 1), · · · , x′k(n − (Nk − 1))

]T is the filtered reference signal,
and Nk is the filter length of the adaptive filter at the kth channel. The parameter µk is the
learning rate of the adaptive filter and satisfies the following constraint:

0 < µk <
2

λk,max
(4)

where λk,max is the largest eigenvalue of the covariance matrix Rk = E
[
x′k(n)x′Tk (n)

]
and

E[ · ] is the expectation value. Assume that the estimated secondary path Ŝ(z) is equal to
S(z); hence, the filter length of Wk(z) can be reduced, enabling an increase in the learning
rate because the frequency difference between any two successive sinusoidal components
in xk(n) is larger than that in a direct NANC system.

The objective of this study was to improve the active cancelation of automotive noise
in direct–parallel NANC systems. In general, the power of automotive noise is mainly at
lower frequency ranges, such as 100–700 Hz. Assume that Ak,l represents the amplitude of
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the lth harmonics of xk(n); hence, the learning rate µk for the corresponding adaptive filter
Wk(z) must satisfy the following stability constraint [13]:

µk =
1

max
l

(Ak,l)
(5)

Consider, for example, the first set (k = 1). The learning rate must be small because the
first few harmonics in each set usually have high amplitudes. Therefore, a conventional
direct–parallel NANC system can only cancel the high-power harmonics in each set because
of the small learning rate.

This study presents a novel method of determining the frequency components in each
set of the direct–parallel NANC system. Consider, for example, a direct–parallel NANC
system applied to 24 harmonic frequencies (M = 24) with 4 signal generators sets (K = 4);
here, frequencies with similar amplitudes are grouped together, and frequencies in the same
group are staggered among the sets. Assume that the frequency components f1, f2, · · · , f12

of the narrowband noise have similarly high amplitudes and that f13, f14, · · · , f24 have
similar but low amplitudes. Thus, the frequencies are grouped and staggered among the
sets as follows:

k = 1 ⇒ f1, f3, f5, f7, f9, f11

k = 2 ⇒ f2, f4, f6, f8, f10, f12

k = 3 ⇒ f13, f15, f17, f19, f21, f23

k = 4 ⇒ f14, f16, f18, f20, f22, f24.

Each set contains six staggered sinusoidal components with similar amplitudes. These
reference signals are processed by their corresponding adaptive filters, and the output
signals from each adaptive filter are then summed to obtain a canceling signal. Equation (5)
indicates that the learning rates u1 and u2 are smaller than u3 and u4 because the frequencies
in the first two sets have higher amplitudes than do those in the last two sets.

3. Results
3.1. Experimental Results

This study conducted experiments to determine the effectiveness of the proposed
direct–parallel NANC system in handling narrowband noise from engines and motors. An
electronic muffler was developed to reduce automotive noise at different rotational speeds,
and the performance of the proposed system and that of a conventional NANC system
were compared. The computational complexity of the system was also studied.

3.2. Experimental Setup

The electronic muffler used in the experiments is displayed in Figure 2a. This muffler
was constructed from acrylic and had a width of 296 mm, height of 150 mm, and length
of 450 mm; these are the same dimensions as those of the commercial automotive muffler
(model number: #291545) from Jing-Tong Industrial (Chiayi, Taiwan; Figure 2b). Synthe-
sized automotive noise was produced by a 6-in. primary speaker installed in a polyvinyl
chloride tube to mimic an engine. A stainless-stainless duct with a diameter of 5 cm served
as the exhaust duct for the engine. Two 4-inches secondary speakers were installed in the
acrylic electronic muffler. These speakers played an antinoise signal that destructively
interfered with the undesired engine noise. Three “error microphones” were set at the open
end of the electronic muffler to monitor the error (i.e., residual noise; Figure 2c). A digital
signal processor (DSP; TMS320C6713 by Texas Instruments, Dallas, TX, USA) was used as
the computing core, and a DSK6713IF-B interface card (HEG, Tokyo, Japan) was used for
analog-to-digital (A/D) and digital-to-analog (D/A) data conversion. Power amplifiers
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SA-98E (SMSL, Foshan, China) and preamplifiers MicTube Duo (ALESIS, Cumberland,
MD, USA) were applied to amplify the signals for the speakers and microphones, respec-
tively. Two low-pass filters with cutoff frequencies 750 Hz were used for antialiasing and
smoothing the signals for A/D and D/A conversion. Because most automotive noise is
below 700 Hz, the sampling frequency of the experiments was set to 2 kHz.
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To minimize the error signal, an adaptive algorithm must accurately compensate
for the secondary path. Accordingly, this study first tested the secondary path of the
built electronic muffler by generating white noise from the DSP system. The secondary
path included the transfer functions of the D/A converter, the smoothing filter, the power
amplifier, information from the secondary speaker to the error microphone, the preamplifier,
the antialiasing filter, and the A/D converter. Figure 3a illustrates a block diagram of the
secondary path, and Figure 3b presents the magnitude response of the estimated secondary
path Ŝ(z) with an acrylic muffler filter length L of 64. Clearly, the system’s response
was poor at frequencies below 100 Hz because the secondary speakers could not provide
sufficient power. Moreover, its response at approximately 600 Hz was poor owing to the
acoustic arrangement of the secondary speaker. If necessary, this poor response can be
improved by changing the locations of the secondary speakers.
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3.3. Waveform Synthesis and Experimental Results

The fundamental frequency for a four-stroke internal combustion engine of a vehicle
is expressed as follows:

f0 =
N
2
· r

60
(6)

where N is the number of cylinders and r is the rotational speed [15]. Consider, for
example, a four-cylinder automobile with a typical rotational speed of 2400 revolutions
per minute (rpm); the fundamental frequency can be derived as f0 = 4

2 · 2400
60 = 80 Hz,

and the separation between two consecutive harmonics can be derived as 20 Hz. For
an automobile with a rotational speed of 3600 rpm, the fundamental frequency can be
determined to be 120 Hz, and the separation between two consecutive harmonics can be
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derived as 30 Hz. In this study, we used the primary speaker of the electronic muffler
to generate a series of sinusoidal signals associated with white noise from 0 to 800 Hz to
mimic engine noise [16]. The sounds received at the error microphones are illustrated in
Figure 4; the main harmonics were determined to be between 100 and 700 Hz. The vertical
axis of Figure 4 is a plot of the voltages of error microphones on a decibel scale. These
results obtained before and after activating the proposed NANC systems were compared
to evaluate their effectiveness.
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In the first experiments, we tested the performance of the improved direct–parallel,
direct and conventional direct–parallel NANC systems. The filter length for the estimated
secondary path was 64. The sampling rate was 2 kHz, and the filter length for the direct
NANC system was 650. The set number was K = 7 for the conventional and improved
direct–parallel NANC systems. The staggered frequencies of each set for the conventional
direct–parallel system are shown in Table 1. Because we aimed to reduce noise between
100 and 700 Hz, we selected four and three harmonics per set for noise associated with
rotational speeds of 2400 and 3600 rpm, respectively. Table 2 presents the filter length and
learning rate for each adaptive filter Wk(z), k = 1, . . ., 7. The overall filter lengths for the
seven sets were 2670 for the rotational speed of 2400 rpm and 2400 for the rotational speed
of 3600 rpm.
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Table 1. Staggered frequencies of each set of the conventional direct–parallel form NANC.

Sets 2400 rpm 3600 rpm

1 120, 260, 400, 540 90, 300, 510
2 140, 280, 420, 560 120, 330, 540
3 160, 300, 440, 580 150, 360, 570
4 180, 320, 460, 600 180, 390, 600
5 200, 340, 480, 620 210, 420, 630
6 220, 360, 500, 640 240, 450, 660
7 240, 380, 520, 660 270, 480

Table 2. Filter length/learning rate of the adaptive filter of each set for conventional direct–parallel
NANC.

Sets
2400 rpm 3600 rpm

Filter Length Learning Rate Filter Length Learning Rate

1 330 5 × 10−5 500 10−4

2 330 10−4 300 8 × 10−5

3 300 10−5 300 3 × 10−5

4 380 10−5 300 5 × 10−5

5 330 10−5 300 5 × 10−5

6 550 10−5 300 5 × 10−4

7 450 10−4 400 10−4

For the improved direct–parallel NANC system, the harmonics of noise associated
with the rotational speed of 2400 rpm [Figure 4a] were divided into three groups according
to amplitude (high, medium, and low). The high-amplitude frequencies were 120–220 Hz
and were staggered in sets 1 and 2. The medium-amplitude frequencies were 240–460 Hz
and were staggered in sets 3–5, and the remaining low-amplitude harmonics were staggered
in sets 6 and 7. The harmonics of noise associated with the rotational speed of 3600 rpm
were arranged similarly, as displayed in Figure 4b. Table 3 lists the frequencies in each set
for the improved direct–parallel NANC system, and the filter length and learning rate for
each set are presented in Table 4. The total filter lengths for the seven sets were 2370 and
2350 for noise associated with the rotational speeds of 2400 and 3600 rpm, respectively. The
learning rates were selected through a trial-and-error method to maximize the value at
convergence.

Table 3. Staggered frequencies of each set for improved direct–parallel NANC. Gray, Blue and Orange
denote to high power, medium power and low power.

Sets Power 2400 rpm 3600 rpm
1 120, 160, 200 90, 150, 210
2

High
140, 180, 220 120, 180, 240

3 240, 300, 360, 420 270, 330, 390
4 260, 320, 380, 440 300, 360, 420
5

Medium
280, 340, 400, 460 450, 540, 630

6 480, 520, 560, 600, 640 480, 570, 660
7 Low 500, 540, 580, 620,660 510, 600
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Table 4. Filter length/learning rate of the adaptive filter of each set for improved direct–parallel
NANC. Gray, Blue and Orange denote to high power, medium power and low power.

Sets Power
2400 rpm 3600 rpm

Filter Length Learning Rate Filter Length Learning Rate
1 330 2 × 10−5 350 3 × 10−5

2
High

300 10−5 350 10−5

3 430 10−4 350 7.5 × 10−4

4 330 10−4 350 8 × 10−4

5
Medium

330 3 × 10−3 300 3 × 10−3

6 350 3 × 10−3 300 3 × 10−3

7 Low 300 10−3 350 2 × 10−3

Figure 5a presents the noise reduction rate at each frequency for noise associated
with the rotational speed of 2400 rpm. Clearly, the direct and the conventional direct–
parallel systems could effectively reduce high-amplitude harmonics at frequencies below
220 Hz by approximately 30 dB; however, these systems were less effective for lower-
amplitude harmonics at frequencies above 300 Hz. By contrast, the proposed direct–parallel
system reduced the harmonics by more than 20 dB at most frequencies above 300 Hz. Its
poor performance at frequencies of 420 and 560–600 Hz could be attributed to the poor
magnitude response of the secondary path. The average noise reduction rates observed at
each harmonic frequency for the direct, conventional, and improved direct–parallel NANC
systems were 10.4, 12.8, and 22.3 dB, respectively.
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Figure 5. Noise reduction in the direct (blue), conventional direct–parallel (green), and proposed
direct–parallel (red) systems for (a) 2400- and (b) 3600-rpm noise.

Figure 5b displays plots of the performance of the systems for noise associated with
the rotational speed of 3600 rpm. The improved direct–parallel NANC system clearly
outperformed the other systems at frequencies above 300 Hz. The average noise reduction
rates observed for the direct, conventional direct–parallel, and improved direct–parallel
NANC systems were 25.6, 30.4, and 33 dB, respectively.

This study also investigated the effect of adding disturbances on the narrowband noise
cancelation performance of the proposed direct–parallel system. The experimental setup is
presented in Figure 6. An additional speaker was used to play a disturbance (2400-rpm
noise) while the proposed system was activated to reduce 3600-rpm engine noise. This
setup simulated the noise generated when another car passes by the noise-canceled vehicle.
Figure 7 illustrates plots of the performance results; the horizontal axis denotes the time
in seconds, the vertical axis (left) denotes the frequency of the noise and the vetical axis
at the right represents the color of the noise power. The proposed direct–parallel NANC
system was started reducing the 3600-rpm engine noise at approximately 5 s, and the
disturbance (2400-rpm engine noise) was added at approximately 10–12 s. Clearly, the
proposed direct–parallel NANC system effectively reduced noise despite the disturbance.
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Finally, we compared the computational complexity of the conventional and proposed
direct–parallel NANC systems. The filter length for the estimated secondary path is L; thus,
L multiplications and L − 1 additions are required to obtain x′k(n). The filter length for
the adaptive filter in each set is Nk; therefore, Nk multiplications and Nk − 1 additions are
necessary to obtain yk(n). The FXLMS algorithm in Equation (3) costs two multiplications
and one addition. The filter length of the adaptive filter is Nk, and it therefore requires 2Nk

multiplications and Nk additions. Therefore, each sample requires 3Nk + L multiplications
and 2Nk + L − 2 additions. Obtaining the antinoise signal y(n) = ∑K

k=1 yk(n) requires
mboxemphK − 1 additions. Accordingly, the overall computational cost of obtaining the
antinoise signal is presented in Table 5. The proposed system is not more computationally
complex than the conventional system.

Table 5. Computational complexity of the conventional and proposed direct–parallel NANC systems.

Computational
Complexity

2400 rpm 3600 rpm

Multiplcations Additions Multiplcations Additions

Conventional 8458 5792 7648 5252

Proposed 7558 5192 7498 5152

4. Discussion
The proposed improved direct-parallel form NANC system can be extended to the

multiple channel case using the developed algorithm. The advantage of the proposed



Acoustics 2025, 7, 4 13 of 14

method over other NANC systems is that a similar computation requirement can be used
to achieve better performance. This increases the feasibility for real-time applications. This
aspect of the proposed algorithm is an improvement over the conventional direct-parallel
NANC structures, which cancel only the harmonics with high amplitudes of the primary
noise.

5. Conclusions
This study proposes an improved direct–parallel NANC system to enhance cance-

lation for signals in which the noise harmonics have substantially different amplitudes.
Experimental results demonstrate that the proposed system better reduced narrowband
noise. Moreover, it was robust to disturbances. Although the proposed system can control
narrowband noise, it requires first measuring the power of each harmonic of the undesired
noise before grouping harmonics with similar power by frequency. An automatic grouping
mechanism could improve the practicality of the system for various applications.
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