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Abstract

When implementing active noise control systems on signal processing hard-
ware, the time delay introduced by electronic components (especially com-
ponents requiring additional lowpass filters or introducing fixed-sample-size
delays) may adversely affect the noise control performance. One common ap-
proach to reducing this delay is to use a high sampling rate, but this increases
the computation significantly when implementing the ANC filters in real
time. In the current work, a polyphase-structure-based filter design method
is developed for active noise control systems that can reduce the computation
load for real-time filter implementation but do not introduce an additional
time delay. Although the computation reduction capability of a polyphase
filter structure is well known for multi-rate systems, the traditional use of
such multi-rate systems requires additional anti-aliasing and reconstruction
filters which introduces an additional time delay. Thus, in delay-sensitive ap-
plications, such as active noise control, this method was previously applied
only on the filter adaption phase, instead of directly on the real-time filtering
process. In this article, a filter decomposition method using the minimum-
phase technique is proposed to decompose an ANC filter into two multiplica-
tive causal filters both of which have lowpass frequency response shapes at
high frequencies such that the polyphase structure can be applied directly to
the two multiplicative causal control filters without introducing additional
anti-aliasing and reconstruction filters. Results show that, compared with
various traditional low sampling rate implementations, the proposed method
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can significantly improve the noise control performance. Compared with the
non-polyphase high-sampling rate method, the real-time computations that
increase with the sampling rate are improved from quadratically to linearly.

Keywords: active noise control, polyphase method, multi-rate signal
processing, efficient filter implementation, minimum phase filter,
constrained filter design

1. Introduction

Active noise control (ANC) is a technique where control filters are de-
signed to process the sensor signals and control secondary sources to pro-
duce anti-noise waves that interfere with original primary noise waves de-
structively. In recent decades, because of the development of computing
devices, e.g., the digital signal processor and FPGA, ANC technologies were
successfully applied to a wide range of applications, such as headrests [1, 2],
headphones [3, 4, 5], automobiles [6, 7], open windows [8], etc.

For practical active noise control (ANC) applications, most of the control
systems are realized by digital control systems. When digital control systems
are implemented, an electronic delay will be introduced into the signal path
because of the anti-aliasing and reconstruction filters in the analog-to-digital
converters (ADC) and digital-to-analog converters (DAC) [9, 10, 11]. The
electronic delay can be a critical problem in ANC systems [12], especially for
broadband systems, which adversely affects the noise control performance,
and causes causality problems in filter design [13].

Increasing the sampling rate of the digital system [10, 12] is an effec-
tive and common way to reduce electronic delay since the group delay in
anti-aliasing and reconstruction filters decreases with the sampling inter-
val linearly [14]. The group delay in anti-aliasing and reconstruction filters
can be reduced or even removed [9] if the cut-off frequency is much higher
[12, 15]. Also, for sigma-delta type ADC, there will be a delay of a fixed
number of samples and a higher sampling rate will result in a shorter time
delay. However, increasing the sampling rate will significantly increase the
required real-time computations. The required order of the control filter will
be increased proportionally to the sampling rate if the filters’ effective time
lengths, i.e., the impulse response duration in time are kept the same. Also,
each output signal sample needs to be computed in a shorter sampling inter-
val for a higher sampling rate. Thus, the required real-time multiplications
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per second will usually increase quadratically with the sampling rate.
One commonly used approach to improving the real-time computational

efficiency of high sampling rate ANC systems is to use a multi-rate system
with a polyphase filter structure so that the sampling rate for implementing
control filters is relatively lower than the sampling rate of the input and
output signals [16, 17, 18, 19]. However, the use of a multi-rate system
requires additional lowpass filters (anti-aliasing and reconstruction filters)
which also introduce additional delay in real-time implementation. Thus, in
ANC applications, the multi-rate techniques with polyphase structures were
only applied in the filter adaption process instead of the real-time filtering
process, e.g., the subband ANC method [16, 17]. This additional lowpass
filter-induced delay contradicts the purpose of using a high sampling rate
to reduce the electronic delay, thus, the traditional delayless subband ANC
techniques cannot be used to improve the real-time computational efficiency
in the real-time active noise control filtering process.

In this article, an efficient low-delay polyphase real-time ANC filter imple-
mentation method without the need for additional lowpass filters is proposed.
The key step involves a new method to decompose an ANC filter into two
multiplicative causal filters both of which have lowpass frequency response
shapes at high frequencies. More specifically, the proposed method uses the
fact that, for high sampling rate ANC systems, the frequency responses of
the designed ANC filter should be attenuated to prevent noise amplification
outside the desired noise control band (usually the desired noise control band
is at low frequencies). The ANC filter’s attenuation at higher frequencies can
be used as anti-aliasing and reconstruction filters if the proposed causal filter
decomposition is applied. Then, a polyphase filter structure can be imple-
mented without additional anti-aliasing and reconstruction filters. By using
the proposed method, an ANC system can be operated at a sampling rate
much higher than the desired frequency band. Compared with traditional di-
rect filter implementation, the associated real-time computation requirement
using the proposed method only increases linearly with the sampling rate in-
stead of quadratically. When the ANC system is operated at a high sampling
rate, the introduced electronic delay will be lower, and better noise control
performance can be achieved. Experiments are implemented to confirm the
improvement of real-time computations and noise control performance com-
pared with various traditional implementations. A smaller delay can also
allow broadband ANC techniques to be applied to wider space-limited ap-
plications because it allows a smaller distance between the reference sensors
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and the actuators, and a smaller distance between the reference sensors and
the error sensors.

2. Theory

In this section, the discussion is based on single-channel active noise con-
trol systems. The extension of the proposed method to multi-channel systems
is trivial since the proposed method can be applied channel by channel inde-
pendently. The discussion focused only on the fixed-coefficient controller case
(i.e., non-adaptive filter) because the proposed method is applied directly to
the real-time filter implementation process and reduces the real-time compu-
tational effort, instead of to the filter coefficients adaption process where the
polyphase method is traditionally used in previous studies [16, 17]. Moreover,
the fixed-coefficient controller is becoming the de facto approach in most com-
mercial digital ANC products [13]. For time-varying environment, selective
fixed-filter ANC can be used, i.e., multiple non-adaptive filters are trained
before real-time implementation and are selected during real-time implemen-
tation [13, 20, 21]. Thus, the proposed method explained in this section will
be discussed on fixed-coefficient controller cases and can be directly applied
to either fixed-coefficient ANC applications or selective fixed-filter ANC ap-
plications for a time-varying environment. For practical consideration, filter
coefficients are real-valued numbers in this article.

2.1. Review of Traditional ANC system and Polyphase Implementation

Figure 1: Block diagram of the commonly used implementation of fixed-filter ANC digital
controllers.

The system block diagram of a typical ANC controller is shown in Fig. 1.
n(t) represents the analog noise signal from noise sources. x(n) represents
the sampled reference signal. W (z) is the designed digital ANC FIR filter.
y(n) is the digital output signal. The secondary path G(s) represents the
acoustical responses of the secondary source at the error sensor positions.
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d(t) is the disturbance signal to be controlled by the signal produced by the
secondary source. e(t) is the error signal whose power is to be minimized
when designing the control filter coefficients.

(a)

(b)

Figure 2: Block diagrams of (a) a typical multi-rate system, (b) a multi-rate system after
applying polyphase filter structures.

While the desired noise control band is still at the low-frequency band,
the sampling rate can be increased to reduce the delay introduced by anti-
aliasing and reconstruction filters, ADC, and DAC [12, 15], i.e., X(z) in Fig 1
is at a high sampling rate. To reduce the real-time computations, a multi-rate
system can be applied. In Fig. 2 (a), a block diagram of a commonly used
multi-rate system is shown. X(z) is the digital signal sampled at a sampling
rate of fs. H(z) is a lowpass filter with a cutoff frequency at fc. If H(z) is
assumed to be an ideal lowpass filter and fs/fc > 2M , then a downsampling
with a decimation factor of M can be achieved without aliasing. W (z) is
a digital filter (the designed ANC filter) that will be implemented with a
sampling rate of fs/M . The real-time computations in W (z) will then be
reduced to 1/M of the computations to achieve the same impulse response,
compared with implementing the filter at a sampling rate of fs. However,
the lowpass filter H(z) is still operated at the higher sampling rate, fs.

To further reduce the real-time computations in implementing H(z),
polyphase implementation can be applied. In Fig. 2 (b), the traditional
use of a polyphase filter structure is illustrated. H(z) can be expressed as

H(z) = h0 + h1z
−1 + h2z

−2 + ... + hL−1z
−L+1. (1)

If a proper choice of filter length or zero-padding of the filter length is applied,
it is always possible to have the ratio of the filter length to decimation factor,
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P = L/M , to be an integer. Then the lowpass filter H(z) can be split into
multiple filter phases, Hm(z):

Hm(z) =
P−1∑
n=0

hnM+mz
−n. (2)

According to the first and second noble identities [22], if X(z) are the same
for the two filter structures in Fig. 2 (a) and (b), Y (z) will also be the same
for the two filter structures. Compared with Fig. 2 (a), the filter structure
in Fig. 2 (b) performs the downsampling operation before any filters are
applied and upsampling operation after all filters are applied. Thus, the filter
structure in Fig. 2 (b) reduces the real-time computations both in Hm(z) (or
essentially the H(z)) and W (z). Similarly, the lowpass filter H(z) can be
replaced by other band-limited sub-band filters so that signals content in
each associated frequency band can be processed separately. More details of
multi-rate polyphase filter structure can be referred to Chapter 11 in Proakis
and Manolakis’ book [22].

The use of a multi-rate system with polyphase filter structure implemen-
tation can reduce the high real-time computations caused by a high sampling
rate. And this high sampling rate in input signalX(z) and output signal Y (z)
will allow a lower delay in the analog anti-aliasing and reconstruction filters
as well as ADC and DAC hardware. However, because of the downsampling
and upsampling operations, two lowpass filters H(z) are always required,
which inevitably introduce additional time delay to the system compromis-
ing the performance if the application is delay sensitive (e.g., active noise
control application).

2.2. Proposed Efficient Low-Delay Polyphase Implementation Design

As mentioned in the Introduction Section, in broadband ANC applica-
tions, although the desired noise control is focused on the relatively low-
frequency content, it is still desirable to use a higher sampling rate to reduce
time delay [12, 15] introduced by electronic components (anti-aliasing and re-
construction filters, ADC, and DAC) so that better noise control performance
can be achieved. The associated trade-off is the higher real-time computa-
tional efforts resulted from the use of a high sampling rate [12]. Although
the traditionally used polyphase filter structure in multi-rate systems can
reduce the real-time computations significantly, the lowpass filters H(z) are
required as additional digital anti-aliasing and reconstruction filters when
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performing upsampling and downsampling operations. Those lowpass filters
will introduce an additional delay in real-time signal processing, which will
degrade the control performance in delay-sensitive applications such as ANC
applications, especially for broadband active noise control. Thus, multi-rate
and polyphase implementation is usually used only for the filter adaption
process (e.g., at LMS part) in ANC applications which is known as delayless
subband ANC techniques [16, 17]. The real-time computation of the filtering
process still remains high.

In this section, an efficient low-delay polyphase implementation is pro-
posed which can be applied directly to the real-time filtering process to reduce
the real-time computations without introducing additional delay caused by
additional digital anti-aliasing and reconstruction filters H(z). The proposed
method is stated as the following.

(a)

(b)

Figure 3: Block diagrams of (a) a proposed ANC filter structure that H(z) is replaced by
A(z) and B(z) and no W (z) is required, (b) a proposed ANC filter structure after applying
polyphase filter structures.

The purpose is to use a polyphase structure to reduce the real-time com-
putation load to implement the ANC filter, W (z), that is designed at a high
sampling rate fH = MfL where M is the decimation factor when a multi-
rate system is used to implement this filter. The desired noise control band
is below fL/2. In the filter design process (using a high sampling rate fH),
the response of W (z) at frequencies above fL/2 can be arbitrary as long as
it provides sufficient attenuation to prevent noise amplification outside the
desired noise control frequency band. In this way, the ANC filter W (z) can
actually perform as a lowpass filter with cut-off frequency at fL/2. An ANC
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filter that satisfies the above-mentioned requirements can be designed by the
constrained optimization method formulated using the convex cone program-
ming [23, 24]. After the FIR filter W (z) is designed, it can be decomposed
as

W (ej2πf ) = A(j2πf)B(j2πf), for f < fL/2, (3)

where the responses of both A(z) and B(z) provide sufficient attenuation
above fL/2 (the approach to finding such a pair of A(z) and B(z) is discussed
in the Section 2.3). Then A(z) and B(z) can be used to replace the two
lowpass filters, H(z), in Fig. 2 (a) and there is no need to have W (z). A
demonstration of this concept is shown in Fig. 3 (a). Similarly as in the
traditional polyphase implementation, A(z) and B(z) can be expressed as:

A(z) = a0 + a1z
−1 + a2z

−2 + ... + aLa−1z
−La+1,

B(z) = b0 + b1z
−1 + b2z

−2 + ... + bLb−1z
−Lb+1.

(4)

Then, let Pa = La/M and Pb = Lb/M (Pa and Pb are integers), Am(z) and
Bm(z) can be defined as:

Am(z) =
Pa−1∑
n=0

anM+mz
−n,

Bm(z) =

Pb−1∑
n=0

bnM+mz
−n.

(5)

By the first and second noble identities [22], if X(z) in Fig. 3 (a) and (b)
are the same, Y (z) will also be the same. In Fig. 3 (b), X(z) and Y(z) are
still at higher sampling rate fH and no additional delay is introduced into
the signal path, so the noise reduction performance will not be adversely
affected. However, at each sampling interval 1/fH , only one portion of A(z)
and B(z) are computed which leads to the reduction of computational load.
Figure 3 (b) is the proposed efficient low-delay polyphase implementation.
Obviously,

Y (ej2πf ) = B(ej2πf )A(ej2πf )X(ej2πf ) = W (ej2πf )X(ej2πf ), for f < fL/2.
(6)

Thus, A(z) and B(z) can then perform both as the control filters in the lower
frequency band (desired noise control band) and as the lowpass filters in the
higher frequency band. No additional delay is introduced when using the
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proposed efficient low-delay polyphase implementation since no additional
lowpass filters are added. The real-time computations are also significantly
reduced because the downsampling is operated before implementing filters
and the upsampling is operated after using the filters.

Figure 4: Block diagram of the ANC controllers when using the proposed efficient low-
delay polyphase implementation.

The use of the proposed efficient low-delay polyphase implementation in
ANC applications is then shown in Fig. 4. The delay introduced by the
analog anti-aliasing and reconstruction filters, ADC, and DAC can be sig-
nificantly reduced by using a high sampling rate for x(n) and y(n). The
real-time computations are also significantly reduced because all digital fil-
ters are applied after the downsampling operation and before the upsampling
operation. And no additional delay is introduced because there is no need for
additional digital anti-aliasing and reconstruction filters. The comparison of
real-time computations for various methods is listed in Table 1. When the
low sampling rate method is used, the introduced delay will be high due to
high delay in anti-aliasing and reconstruction filters, ADC, and DAC [12, 15],
although the real-time multiplications per second will be relatively lower, i.e.,
the product of multiplications per sampling interval and sampling intervals
per second: TfL × fL = Tf 2

L, where T is the effective time lengths (i.e., the
impulse response duration) and fL is the low sampling rate. To reduce the
introduced delay, the sampling rate can be increased to MfL (M is an integer
larger than 1) by redesigning the ANC filter using a higher sampling rate with
constraints on the responses’ magnitude above the desired noise control band
using constrained optimization methods such as the convex conic formulation
[23, 24]. And the impulse response duration T should be kept the same since
the noise signal and transfer path are essentially analog (a direct implemen-
tation of this high sampling rate filter is referred to as the high sampling rate
method). However, if the high sampling rate method is used, it increases
the number of multiplications required per second to T (MfL)

2 = M2Tf 2
L,
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which is a quadratic growth with respect to M . To mitigate such a signifi-
cant increase in computation load, the filter’s impulse response duration, T ,
can be shortened (e.g., from T to T/M), this method is referred to as the
high sampling rate method using shorter impulse response duration in the
current work. In this method, the real-time multiplications per second are
increased to MTf 2

L, which is a linear growth of sampling rate but the noise
control performance is negatively impacted due to the shorter filter response
time. By using the proposed method, suppose the total impulse response
duration of designed A(z) and B(z) is αT , where α, depending on the filter
decomposition method (introduced in Section 2.3), can be chosen to be 1 or
sometimes slightly larger than 1 in practice. The real-time multiplications
of the proposed method are then αMTf 2

L, which is also a linear growth of
sampling rate, and the filter length is not shortened (i.e., the noise control
performance is not degraded).

Table 1: A comparison of real-time multiplications per second for different traditional
methods and the proposed method.

Methods
Low fs
method

High fs method,
original impulse
response duration

High fs method,
shorter impulse
response duration

Proposed
method

Sampling
Rate fs

fL MfL MfL MfL

impulse
response
duration

T T T/M αT ⋆

Filter Order TfL MTfL TfL αMTfL
Real-time
Multiplica-
tions

Tf 2
L M2Tf 2

L MTf 2
L αMTf 2

L

Real-time
Compu-
tational
Complexity

O(1) O(M2) O(M) O(M)

Delay High Low Low Low
⋆ α, depending on the filter decomposition method (introduced in Section 2.3), can be
chosen to be 1 or sometimes slightly larger than 1 in practice.
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2.3. Proposed Filter Decomposition Method

A key step of the proposed efficient low-delay polyphase implementation
described in the previous subsection is to find a pair of suitable multiplicative
decomposition of the designed ANC control filter W (z) into two causal filters
A(z) and B(z). There are three challenges in finding such a pair of filters:

1. The order of W (z) is usually very high (e.g., several hundred) because
the control filter is designed using a high sampling rate, this makes the
dimension of the filter decomposition problem very high as well, which
is not solvable by ”brutal force” optimization approach (particle swarm
optimization, genetic algorithm, etc.) within a practical computational
time constraint. For example, for an ANC filter of order 300, by using
the concept of evenly dividing FIR filter (polynomial) zeros into two
multiplicative filters, up to 1

2
C(300, 150) = 300!

2×150!×(300−150)!
≈ 4.7×1088

local minimums exist, which makes the global minimum (or a usable
local minimum) difficult to be found when high frequency constraints
are considered.

2. The response of both A(z) and B(z) should have sufficient attenuation
in frequency response above fL to remove the need for anti-aliasing and
reconstruction filters in traditional polyphase applications. Without
this attenuation requirement, the decomposition of W (z) into A(z)
and B(z) can be achieved by simply obtaining the zeros of W (z) and
splitting the zeros into two groups for A(z) and B(z) (although the high
order still poses numerical difficulties in the root-finding process [25]).
This high-frequency response constraint also significantly increases the
computational complexity if a ”brutal force” optimization method is
used to solve A(z) and B(z) from W (z).

3. Both A(z) and B(z) must be causal so they can be implemented in a
real-time delay-sensitive system such as an ANC system. Thus, simple
frequency-domain fitting methods, such as fitting the square-rooted
frequency responses of W (z), cannot be used, because the causality of
the resulting filters cannot be guaranteed.

To overcome the three challenges mentioned above, a filter decomposition
method is proposed as the following. If the required attenuation for the
stop bands of A(z) and B(z) is K dB, the ANC filter W (z) is specified to
have a 2K dB attenuation in this stop band during the optimal ANC filter
W (z) design process (this design specification can be achieved by methods
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described in [23, 24]), i.e.,

20 log10 |W (ej2πf )| < −2K, for f > fL/2. (7)

To perform the proposed decomposition, a minimum-phase lowpass filter
A(z) is firstly designed with a cut-off frequency fL/2 where the stop band
has K dB attenuation with stop band ripples of δs dB, i.e.,

−K − δs < 20 log10 |A(ej2πf )| < −K + δs, for f > fL/2. (8)

Because A(z) is a minimum-phase filter, 1
A(z)

is also a minimum-phase filter,

i.e., 1
A(z)

is causal and stable. Since W (z) is a designed FIR filter for ANC

application which is always stable (having zeros only) and causal, it is easy

to see that W (z)
A(z)

is causal and stable as well. A causal filter B(z) can then

be constructed by fitting the frequency responses of W (z)
A(z)

, e.g., using least

square approximation. Due to stop-band attenuation specifications for W (z)
and A(z) listed above, it is obvious that

20 log10 |B(ej2πf )| ≈ 20 log10

∣∣∣∣W (ej2πf )

A(ej2πf )

∣∣∣∣ < −K + δs, for f > fL/2. (9)

Thus, both A(z) and B(z) are attenuated as required above fL/2, if a small
enough ripple δs is chosen. Also, A(e

j2πf )B(ej2πf ) ≈ W (ej2πf ) for f < fL/2.
So the proposed filter decomposition method can indeed give a pair of suitable
A(z) and B(z) for the proposed efficient low-delay polyphase implementation
described in the previous subsection.

Figure 5 is a flow chart showing the procedure of using three traditional
methods (i.e., the low sampling rate method, the high sampling rate method
using original impulse response duration, or shorter impulse response dura-
tion) and the proposed efficient low-delay polyphase implementation along
with the proposed causal filter decomposition method. When using tradi-
tional methods, it can only result in either less computational time or better
noise control performance (but not both). However, if the proposed imple-
mentation is used, both the advantages of less real-time computations and
better noise control performance can be achieved. This reduced delay can
also enable a possibility for broadband ANC in space-limited applications
with a reasonable real-time computation requirement.

12



Figure 5: A flow chart showing the traditional filter implementation methods and the
proposed ANC filter implementation method using efficient low-delay polyphase imple-
mentation.

3. Experimental Result

3.1. Experimental Setup

To investigate the performance of the proposed efficient low-delay polyphase
implementation in ANC application, an installed single-channel ANC system
is shown in Fig. 6. The dSPACE MicroLabBox is used as the real-time con-
troller. Since, if a multi-channel system is involved, the proposed method can
be applied channel by channel, demonstration using a single-channel ANC
system is sufficient to investigate the performance of the proposed method.
The primary noise source is a loudspeaker that plays a low-pass filtered white
noise with a cut-off frequency of 9 kHz. The desired noise control frequency
band is below fL/2 = 2 kHz (i.e., the fL defined in Section 2.2 is 4 kHz).
Since the highest frequency component of the noise source signal (9 kHz)
is much higher than the desired noise control frequency band (which is a
very common case for most practical ANC applications), anti-aliasing fil-
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Figure 6: A picture of the experimental setup.

ters are usually needed to prevent aliasing. The secondary source is another
speaker that produces the desired sound signal to reduce noise at the error mi-
crophone position. The relative difference in distance between the primary
path (reference microphone to error microphone) and the secondary path
(secondary source to error microphone) is approximately 0.6 meters, which
means the introduced electronic delay (including the delay in anti-aliasing
and reconstruction filters) should be less than 1.8 ms to form a feed-forward
system for broadband noise control.

In this experimental setup, to more accurately set the control variables
in high and low sampling rate cases, digital anti-aliasing and reconstruction
filters, instead of analog filters, are implemented using a 20 kHz sampling
rate. The cutoff frequency of anti-aliasing and reconstruction filters is 2 kHz
for the low sampling rate (controller operates at 4 kHz) case and 10 kHz
for the high sampling rate (controller operates at 20 kHz) case. The 20
kHz sampling rate is higher than twice of 9 kHz so a digital filter can be
used to simulate analog anti-aliasing filters with better control over system
parameters. For both high and low sampling rate cases, 1 dB ripple is allowed
at the passband, and 30 dB attenuation in magnitude (K = 30 in Eq. (8))
is required for the stopband of the anti-aliasing and reconstruction filters. A
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minimum order Butterworth filter [26] is used to design the anti-aliasing and
reconstruction filter. The total electronic delay for the desired noise control
band including group delay of anti-aliasing and reconstruction filter, and one-
sample delay for the processing in controllers is shown in Fig. 7. From Fig. 7,
the introduced electronic delay when using a low sampling rate controller (4
kHz) is higher than 2 ms, which is much higher than the high sampling rate
case (the delay introduced in 20 kHz sampling rate case is less than 0.06
ms). As mentioned earlier, the relative difference in distance between the
primary path (reference microphone to error microphone) and the secondary
path (secondary source to error microphone) is approximately 0.6 meters,
leading to a maximum delay limit of 1.8 ms to form a feed-forward system
for broadband noise control. Thus, the low sampling rate controller case
should not perform well which will also be confirmed in the later section.
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Figure 7: The total electronic delay including group delay of anti-aliasing and reconstruc-
tion filters, and one-sample delay for the processing in the ANC controller for two different
sampling rates.

3.2. Comparison of noise control performance

The ultimate goal of reducing delay is to achieve better noise control per-
formance. Thus, this section will compare the noise control performance at
the desired noise control frequency band (below 2 kHz) by using various high
sampling rate controller (20 kHz) methods (including the proposed method)
and the low sampling rate controller (4 kHz) method. Besides lower delay,
another main contribution of the proposed method is to reduce the real-time
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computation complexity from quadratic to linear with the increase of sam-
pling rate. In this section, the exact number of real-time multiplications will
be compared between the proposed method and traditional high sampling
rate controller methods for the specific experimental setup.

The noise control performance of using various traditional methods that
directly implement the ANC filter as in Fig. 1 and the proposed method that
implements the filter as in Fig. 4 are compared. For the high sampling rate
controller (20 kHz) case, since the designed ANC filter response should be
attenuated for at least 2K dB (in this experimental setup, the K in Eq. (7) is
30) above the desired noise control frequency band (2 kHz), the optimal ANC
filter W (z) is designed by the constrained optimization method developed by
Zhuang and Liu [23, 24]. Two different choices of impulse response duration
(15 ms and 3 ms) are used to design the ANC FIR filter. The 15 ms impulse
response duration is chosen to be sufficiently long for this experimental setup.
When impulse response duration T is 15 ms, the number of FIR ANC filter
coefficients is 60 if the sampling rate is 4 kHz. However, the number of
FIR filter coefficients reaches 300 if the sampling rate is 20 kHz which is
significantly larger than 60 (i.e., M = 5). For the 20 kHz sampling rate,
if the filter impulse response duration is reduced to 3 ms, the FIR ANC
filter order is then the same as the 15 ms impulse response duration in a low
sampling rate case.

To use the proposed method, two subfilters A(z) (filter order 40) and
B(z) (filter order 300) are obtained by using the proposed filter decomposi-
tion method. Thus, α in Table 1 is 1.13 in this case. Using filter order 40 in
A(z) is sufficient to design a well-performed low-pass filter. Filter order 300
for B(z) is used to make α around 1 for a fairer comparison with other tra-
ditional methods. In practice, this filter order can be either increased or de-
creased based on a tradeoff between real-time computations and noise control
performance. Their frequency responses are shown in Fig. 8. From Fig. 8(a),
the designed A(z) and B(z) using the proposed filter decomposition method
have frequency responses well attenuated (K = 30 dB attenuation) above 2
kHz, which means that they can be used as anti-aliasing and reconstruction
filters. From Fig. 8(b), it clearly shows that A(ej2πf )B(ej2πf ) ≈ W (ej2πf )
below 2 kHz, which means that the decomposed A(z) and B(z) together can
achieve the same noise control performance compared with using W (z) in
the desired noise control band (below 2 kHz).

Figure 9 confirms that the noise control performance of using the pro-
posed method has no observable difference from the performance achieved
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Figure 8: (a) Magnitude of the frequency responses of A(z) and B(z) for the whole fre-
quency band to show they are well attenuated above 2 kHz, (b) comparison of magnitude
and phase of the frequency responses of W (z) and A(z)B(z) for the desired noise control
frequency band (below 2 kHz).

by filters designed by the traditional high sampling rate method with the orig-
inal impulse response duration (15 ms). In Fig. 9, the “Normalized PSD” is
the power spectral density of the error noise signal divided by the averaged
noise power spectral density at error sensors across all frequencies when the
ANC system is not in operation (i.e., the “ANC OFF”). It is noted that the
traditional high sampling rate method using the original impulse response
duration requires 300 multiplications in implementing the real-time filtering
process for each sampling interval (50 µs), while the proposed efficient low-
delay polyphase method only requires (40 + 300)/5 = 68 multiplications for
each sampling interval (also in 50 µs) which reduces the real-time computa-
tional load to only 23% of that when using the traditional high sampling rate
methods. Thus, compared with the traditional high sampling rate method,
the proposed method uses much less real-time computations and has almost
the same noise control performance. A comparison of real-time multiplica-
tions per second for different traditional methods and the proposed method
in this experimental setup is shown in Table 2. Note that both ”low sampling
rate (large delay)” and ”high sampling rate (low delay) + shorter impulse
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response duration” methods will negatively affect noise control performance
which will be confirmed later.
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Figure 9: The comparison of noise control performance for traditionally used high sam-
pling rate method using the original impulse response duration and the proposed efficient
low-delay polyphase implementation method at the desired noise control frequency band.
The proposed method has the same performance but saves 77% real-time computations
compared with the high sampling rate method.

In Fig. 10, when using approximately the same real-time computations
as the proposed method (i.e., effectively around 60 or 68 multiplications at
20 kHz rate), the noise control performance of the proposed method is better
than that of the traditional high sampling rate for 3 ms impulse response
duration or low sampling rate method for 15 ms. In Fig. 10, the traditionally
used high sampling rate method using shorter impulse response duration has
worse noise control performance compared with the proposed method because
it uses only a 3 ms impulse response duration which is much shorter compared
with around 15 ms. The traditionally used low sampling rate method has
almost no noise control performance because, at such a low sampling rate,
the introduced electronic delay is too high as already shown in Fig. 7.

The experimental result section confirms that, compared with the low
sampling rate method, all two traditional high sampling rate methods and
the proposed method can achieve better noise control performance because
the use of a high sampling rate reduces introduced electronic delay. The pro-
posed method increases real-time computations linearly with the sampling
rate while the traditional high sampling rate method using the original im-
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Table 2: A comparison of real-time multiplications per second for different traditional
methods and the proposed method in the experimental setup.

Methods
Low fs
method

High fs method,
original impulse
response duration

High fs method,
shorter impulse
response duration

Proposed
method

Sampling
Rate fs

4 kHz 20 kHz 20 kHz 20 kHz

impulse
response
duration

15 ms 15 ms 3 ms 16.95 ms

Filter Order 60 300 60 340
Real-time
Multiplica-
tions

240 k 6000 k 1200 k 1360 k

Delay > 2 ms < 0.06 ms < 0.06 ms < 0.06 ms

pulse response duration increases real-time computations quadratically. In
this experimental setup, since the sampling rate is increased to 5 times the
original sampling rate, the proposed method reduces to around one-fifth of
the multiplications compared with the traditional high sampling rate method
using the original impulse response duration. Compared with the traditional
high sampling rate method using shorter impulse response duration, i.e., high
sampling rate with shortened filter length, the proposed method has much
better noise control performance while keeping similar required real-time
computations.

4. Conclusion

In real-time implementation of active noise control filters, the electronic
delay introduced to the signal path because of the necessary anti-aliasing
and reconstruction filters, and ADC and DAC can adversely affect the noise
control performance of the ANC system. One common approach to reducing
this electronic delay is to use a much higher sampling rate than the desired
noise control band. However, the required real-time computations increase
quadratically with the sampling rate if the filter is directly implemented in
a traditional way. Although the filter length can be shortened to reduce
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Figure 10: The comparison of noise control performance for the traditional high sampling
rate method using shorter impulse response duration, the low sampling rate method, and
the proposed efficient low-delay polyphase implementation method at the desired noise
control frequency band.

the real-time computations, noise control performance will also be severely
affected due to the shortened filter length.

In this article, an efficient low-delay polyphase implementation and the
associated multiplicative causal filter decomposition method are proposed.
The proposed method uses the property that the frequency response of a
high sampling rate ANC filter should be attenuated outside the desired noise
control band to prevent noise amplification. Thus, the high sampling rate
ANC filter can be decomposed into two multiplicative causal sub-filters by
the proposed causal filter decomposition method using a minimum-phase
low-pass filter decomposition. The two causal sub-filters can then perform as
both control filters and anti-aliasing (and reconstruction) filters so polyphase
implementation can be used to reduce the real-time computations without
introducing an additional delay. By using the proposed methods, the real-
time computations only increase with the sampling rate linearly instead of
quadratically. Experimental results confirm that the noise control perfor-
mance when using the proposed method is not sacrificed compared with
using a high sampling rate and implementing a filter in a traditional way
whose real-time computations increase with the sampling rate quadratically.
After using the proposed method, less electronic delay is introduced to the
ANC system and the noise control performance can be enhanced.
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A smaller physical dimension of the broadband ANC system is also possi-
ble with the proposed method since the reduced delay allows a closer distance
between reference microphones, secondary speakers, and the desired noise
control region. Broadband ANC may be more applicable in space-limited
applications using a reasonable amount of real-time computations. The pro-
posed method also has the potential to be incorporated into the adaptive
ANC algorithm (e.g., FxLMS) in both the filtering process and the coeffi-
cient updating process. The multiplicative causal filters, A(z), only need
to be a pre-designed fixed coefficients maximum-phase lowpass filter with-
out adaptation. Another multiplicative causal filter, B(z), may be trained
in real-time using the frequency-domain constrained FxLMS algorithm [27],
which can be a future direction of the current work.
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