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Abstract
This paper presents the comparative
performance analysis of two adaptive algorithms to control
the attenuation of acoustic noise. Active noise control (ANC)
is one of the most popular applications for adaptive filters.
The basic idea behind the active control of acoustic noise is
to inject a secondary sound (anti-noise) into an environment
so as to cancel the primary sound using destructive
interference. So, ANC is a method of reducing the unwanted
noise by actively generating an anti-noise, cancelling out the
noise. To achieve this objective, throughout this paper, I
describe two well-known filtered-x least Mean Square
(filtered-x LMS) and feedback active noise control
algorithms which provide a new structure for improving
acoustic noise reduction. Finally, from the simulation results,
it is obvious that the proposed adaptive algorithms can
effectively control the acoustic narrowband noise from the
corrupted speech signal.
Keywords Anti-Noise, Adaptive Algorithm, Acoustic
Noise Control (ANC), Filtered-Xlms Adaptive Filter,
Feedback ANC, MSE

1. Introduction
In our increasingly mobile society, individuals are lying
on your front to doing just about everything on the move.
Listening music is certainly not an exception. However,
when anyone listens to music away from the home, anyone
necessarily has less control over noise exposure. Airplane,
bus, and car engines are the most common noise distractions
as one travels. Lawn mower engines, others’ speech and
music are also frequently encountered. Hence, it is necessary
to find ways to reduce such unwanted noise. Active noise
cancellation (ANC) is a method for reducing undesired noise
from the desired signal. This is (ANC) achieved by
introducing a canceling “anti-noise” wave through
secondary sources. This secondary source is interconnected

through an electronic system using a specific signal
processing algorithm for the particular cancellation scheme.
Throughout this paper, we build a noise-cancelling
headphone by means of active noise control. There are a
number of great applications for active noise cancellation
devices. Noise cancellation almost requires the sound to be
cancelled at a source, such as from a loudspeaker. One
application is such that people working near aircraft or in
noisy factories can now wear these electronic noise
cancellation headsets to protect their hearing. The noise
signal usually comes from any device, such as a rotating
machine, so that it is possible to measure the noise near me
this source. Therefore, the goal of the active noise control
system is to produce an "anti-noise" that attenuates the
unwanted noise in a desired quiet region using an adaptive
filter. Due to recent advances in wireless technology, new
applications of the ANC have emerged, e.g., incorporating
ANC in cell phones, Bluetooth headphones, and MP3
players, to mitigate the environmental acoustic noise in order
to improve the speech and music quality [5]. A conventional
adaptive algorithm such as the LMS algorithm is likely to be
unstable in this application due to the phase shift (the delay)
introduced by the forward path [1, 2]. The well-known
filtered-XLMS-algorithm is, however, an adaptive filter
algorithm which is suitable for active control applications [3].
It is developed from the LMS algorithm, where a model of
the dynamic system between the filter output and the
estimate, i.e., the forward path is introduced between the
input signal and the algorithm for the adaptation of the
coefficient vector [3, 4]. Implementation of active noise
control system using NLMS adaptive algorithm is proposed
in [5]. In order to control the wideband noise from the speech
signal a higher order x-LMS filter is proposed in [6].
Therefore, the main contribution of this paper is to control
the acoustic narrowband noise from the speech signal via
ANC using Filtered-xLMS and feedback ANC adaptive
algorithms.
The rest of the paper is organized as follows: the adaptive
filter structure is presented in Section II. Subsection A
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describes the NLMS algorithm and adaptive Feedback ANC
is described in subsection A. The simulation results of the
proposed algorithms are presented in Section III. Finally the
paper concludes in Section IV.

2. Adaptive Filter Structure
This section describes the framework of an adaptive filter
algorithm. As the characteristics of the acoustic noise source
and the environment are time varying, the frequency content,
amplitude, phase, and sound velocity of the undesired noise
are non-stationary. Therefore, in order to cope with these
variations the ANC system must be adaptive. The most
common form of adaptive filter is the transversal filter using
the least mean-square (LMS) algorithm. Fig.1 shows a
framework of adaptive filter. Basically, there is an adjustable
filter with input X and output Y. Our objective is to minimize
the difference between‘d’ and ‘Y’, where‘d’ is the desired
signal. Once the difference is computed, the adaptive
algorithm will adjust the filter coefficients with that
difference. There are many adaptive algorithms available in
the literature, the most popular ones being LMS (least
mean-square) and RLS (Recursive least squares) algorithms.
In the interest of computational time, we used the LMS.

Figure 1. Adaptive filter framework

equalization and acoustic echo-cancellation etc. There are
many adaptive algorithms available but among these
algorithms the least mean square (LMS) approach is widely
used for adaptive filter routines. This algorithm does not
require squaring, averaging, or differentiating. The LMS
algorithm provides an alternative method for determining the
optimum filter coefficients. The block diagram of an
adaptive filter is shown in Fig. 2.
The least mean square (LMS) algorithm, which is given by

bk (n + 1) = Bk (n) + 2 β e(n) x(n − k )

(1)

where,

e( n ) = d ( n ) − y ( n )
The output of the adaptive filter is given by
N −1

y (n) = ∑ Bk x(n − k )
k =0

(2)

Adaptive Feedback ANC Basics
Adaptive Noise Cancellation (ANC) is a widely applicable
set of noise attenuating techniques. Unlike simple filtering,
ANC techniques attenuate noise through the addition of an
“anti-noise” signal with 180-degree phase difference,
thereby dampening the energy of the noise waves. Active
feedback via an embedded microphone facilitates targeted
noise cancellation without any requisite a priori knowledge
about the signal transmitted or the noise present. The
single-channel adaptive feedback ANC system works by
processing the acoustical noise that we would like to reduce
(the “target” noise), and then it produces an anti-noise which
is sent into the air, thus attenuating the target noise at a
particular point in space (in our case this is the space adjacent
to the error microphone). Therefore, the goal of the ANC
system is to minimize the signal received by the error
microphone. In Fig. 3, the residual waveform is what is
picked up by the microphone.

Figure 3. The Single-Channel Feedback ANC System; a generalized
concept.
Figure 2. Adaptive Filter Using Least Mean Square

NLMS Algorithm
Adaptive filter is still an active research area that plays an
important role in an ever increasing number of applications,
such as noise cancellation, channel estimation, channel

The anti-noise waveform is similar to that of the target
noise, except that its phase is reversed by 180 degrees. If
these waveforms are added together, they will result in a
much weaker residual waveform and this waveform should
be zero amplitude if the anti-noise matches perfectly with the
target noise which is shown in Fig. 4.
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filter coefficients. The next task is to create the anti-noise y[n]
from x[n] such that the error signal e[n] is minimized. We
employ the filtered-x LMS algorithm to do this.

Figure 4. Physical description of active noise control

The feedback ANC system produces an anti-noise by
predicting the incoming target noise. This is not different
from an adaptive system identification scheme; to achieve
this; the system uses the Least-Mean Squares (LMS)
algorithm to update an adaptive filter coefficients which are
the heart of ANC signal processing. As shown in Fig. 5, the
target noise d[n] is not available because it is intended to be
canceled by the anti-noise. Our goal is that we want to create
an anti-noise y[n] which predicts the inaccessible d[n].
Therefore, one task of the feedback ANC algorithm is to
estimate d[n] and use it as the reference signal x[n] for the
adaptive filter W(z). (Notice that y[n] is in the electrical
domain, and in order to cancel d[n] it must go through the
speaker and the air: this is modeled by secondary path filter
S(z).)

Figure 6. Adaptive feedback ANC system using the F-xLMS algorithm

The anti-noise is generated as
L −1

y[n] = ∑ wl [n]x[n − l ]

(5)

l =0

where wl, l = 0, 1, … , L-1 are the coefficients of W(z). These
coefficients are updated according to the filtered-x LMS
algorithm, which is expressed as

wl [n + 1] = wl [n] + µx ' [n − l ]e[n], l = 0,1,..., L − 1
where µ is the step size, and
Figure 5. Simplified block diagram of single-channel feedback ANC
system.

In Z-domain, the target signal can be expressed as

D( z ) = E ( z ) + S ( z )Y ( z ),

(3b)

regenerate the reference signal x[n] ≡ d^[n].
For completeness, in time domain (2) is expressed as
∧

M −1

∑s

m =0

^
m

x[n − m]

(6)

(3a)

Therefore, the algorithm achieves its first task, which is to

x[n] ≡ d [n] = e[n] + ∑ s m∧ y[n − m]

M −1

This is the filtered x[n].

Where, E(z) is the error signal picked up by the microphone,
and Y(z) is the anti-noise generated by the adaptive W(z)
filter. If the secondary path S(z) is measurable (expressed as
S^(z)), then we can estimate the target noise d[n] (let us call
this the synthesized x[n]).

X ( z ) ≡ D ∧ ( z ) = E ( z ) + S ∧ ( z )Y ( z ) .

x ' [ n] =

(4)

m =0

Where s^m, m = 0, 1, … , M-1 are the secondary-path IIR

3. Simulation Results
This section presents the simulation results of the
proposed algorithms. Noise cancellation makes use of the
notion of destructive interference. When two sinusoidal
waves superimpose, the resulting waveform depends on the
frequency amplitude and relative phase of the two waves. If
the original wave and the inverse of the original wave
encounter at a junction at the same time, total cancellation
occurs. The challenges are to identify the original signal and
generate the inverse without delay in all directions where
noises interaction and superimpose. For this active noise
control, we use a sampling frequency of 8 KHz and noise
frequency ranging from 100 to 800 Hz.
The simulation results of a Feedback ANC algorithm are
shown in Fig. 7. From this simulation results it is clear that
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the Feedback control algorithm almost received the exact
control signal to cancel the noise i.e., the error signal is zero.
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The first task in active noise control is to estimate the
impulse response of the secondary propagation path. This
step is usually performed prior to noise control using a
synthetic random signal played through the output
loudspeaker while the unwanted noise is not present. The
Fig.9 shows the coefficients of the true, error and estimated
path. The impulse response estimation can be generated for
secondary path.
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Figure 9. Impulse Response estimation of Secondary Path
0

0.3

Amplitude

0

0

2

4

6
8
10
Numbering of filter tap

12

14

16

Typically, the length of the secondary path filter estimate
is not as long as the actual secondary path and need not be in
adequate control in most cases. The normalized LMS
algorithm is used due to its simplicity and robustness. The
Fig.10 represents the output and error signals of NLMS
algorithm show that the algorithm converges after about
10000 iterations.

Figure 7. Simulated output using a Feedback ANC algorithm

The secondary signal propagation path is the path the
anti-noise takes from the output loudspeaker to the error
microphone within the quiet zone. The above Fig.8 shows
the impulse response using the true secondary path.
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Figure 10. Use of the adaptive filter for secondary identification
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Figure 8. Impulse response using the true secondary path

The Impulse response of the primary propagation path of
the noise to be cancelled can also be characterized by a linear
filter. The Fig.11 shows the Impulse response of the primary
path.
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Listening to its sound at the error microphone before
cancellation, it has the characteristic industrial “whine” of
such loudspeaker. The spectrum of the sound is also plotted
that shown in Fig. 12. The most popular adaptive algorithm
for active noise control is the filtered-xLMS algorithm. This
algorithm uses the secondary path estimate to calculate an
output signal whose contribution at the error sensor
destructively interferes with the undesired noise. The
reference signal is a noisy version of the undesired sound
measured near its source. The resulting algorithm converges
after about 5 seconds of adaptation. Listening to the error
signal, the annoying “whine” is reduced considerably which
is shown in Fig. 13.

Figure 11. Impulse Response of Primary path
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Typical active noise control applications involve the
sounds of rotating machinery due to their annoying
characteristics. Here, we synthetically generated a noise that
might come from a loudspeaker.
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Figure 12. Power spectral density of the noise to be cancelled
Active Noise Control Using the Filtered-X LMS Adaptive Controller
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Comparing the spectrum of the residual error signal with
that of the original noise signal, we can see that most of the
periodic components have been attenuated considerably.
However, the steady-state cancellation performance may not
be uniform across all frequencies. Such is often the case for
real-world systems applied to active noise control tasks.
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Figure 14. Power spectral density of the original and attenuated noise
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Figure 13. Use of filtered-x LMS adaptive Controller for active noise
control

10

0

200

400

600

800

1000

Time Index

1200

1400

1600

1800

2000

Figure 15. MSE decay versus time sample for proposed methods.
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4. Conclusion
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