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ABSTRACT

The snoring noise can be extremely annoying and can negatively

affect people’s social lives. To reduce this problem, active noise

control (ANC) systems can be adopted for snoring cancellation.

Recently, adaptive subband systems have been developed to im-

prove the convergence rate and reduce the computational complex-

ity of the ANC algorithm. Several structures have been proposed

with different approaches. This paper proposes a non-uniform sub-

band adaptive filtering (SAF) structure to improve a feedforward

active noise control algorithm. The non-uniform band distribution

allows for a higher frequency resolution of the lower frequencies,

where the snoring noise is most concentrated. Several experiments

have been carried out to evaluate the proposed system in compari-

son with a reference ANC system which uses a uniform approach.

1. INTRODUCTION

Snoring is a sleep disorder that affects most of the population and

produces an annoying noise, which can reach a sound level of

90 dB. Several problems can arise when people’s sleep is disturbed

by snoring noise. The quality of sleep can decrease, causing loss

of productivity, reduction of attention, and unsafe driving [1, 2].

Recent studies have underlined the substantial similarity between

snoring and vocal signals [3,4], since both signals present a funda-

mental frequency followed by high-order harmonics [4]. In partic-

ular, the snoring activity can be distinguished into two periods: the

inspiration and the expiration. The former produces a signal con-

tained between 100Hz and 200Hz, and the latter is concentrated

in the frequency range between 200Hz and 300Hz. Therefore, the

fundamental frequency that must be canceled is located between

100Hz and 300Hz.

The snoring attenuation can be achieved by passive or active

systems. Passive solutions are based on the use of devices such

as earplugs or specific pillows [5]. However, the application of

external devices could be very annoying for the user. Moreover,

passive techniques do not guarantee a good attenuation of the low

frequencies. Differently, active noise control (ANC) methods are

more effective with low-frequency noise and are less expensive

than passive approaches. ANC systems exploit adaptive filters that

can be updated according to the time variations of the acoustic

path. The adaptive filters can be designed in several ways. The

least mean square (LMS) algorithm and its variants are among the

most popular adaptive algorithms. In particular, the normalized
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least mean square (NLMS), which normalizes the step size with

respect to the input signal power, allows to obtain a better conver-

gence than the LMS for non-stationary signals, such as speech [6].

In fact, a faster convergence can be obtained for the same mean

squared error (MSE) level once the algorithm has reached conver-

gence. The ANC system introduces a secondary sound source for

reproducing an “antinoise” signal. In this way, the primary path

is the acoustic path between the noise source and the error mi-

crophone, located in the canceling zone, while the secondary path

defines the way between the canceling loudspeaker and the error

microphone. Typically, such ANC systems are developed using

the filtered-x least mean square (FxLMS) algorithm, introduced by

Morgan in [7]. The FxLMS structure considers the secondary path

impulse response, which is used to filter the input signal, as shown

in Fig. 1, improving the performance of the ANC system. Clearly,

depending on the input signal that needs to be processed, some

variants can be adopted to improve performance such as filtered-x

normalized least mean square (FxNLMS).

Focusing on snoring signals, Kuo et al. have proposed in [8]

for the first time the use of active snoring cancellation system em-

ploying the FxLMS algorithm. Based on this study, other works

have recently proposed [2, 9, 10]. Both in [2] and [9], the imple-

mentation of FxLMS algorithm in a DSP embedded platforms has

been presented proving the effectiveness of ANC with snoring sig-

nals and carrying out several real-time experiments. In [10], a

multi-channel FxLMS system has been considered using an in-

novative setup, where the error microphones are placed inside the

pillow, instead of on the headboard, enhancing the noise reduction.

More recently, an efficient approach based on a delayless subband

adaptive filter architecture [11] integrated into a FxLMS algorithm

has been presented for snoring cancellation in [12] and a real time

implementation of this system has been presented in [13]. How-

ever, these approaches consider a uniform band division, incon-

sistent with the human perception of sound that has a fractional-

octave resolution [14].

In this context, this paper proposes for the first time the use of

a non-uniform filter bank for active snoring cancellation. The aim

is to reach good performance in terms of convergence reducing

the number of subbands, and thus the computational cost. The

non-uniform filter bank allows for a higher frequency resolution

at the low frequencies, where most of the energy of the snoring

signal is concentrated. For this reason, this solution guarantees

a high convergence rate with a reduced number of subbands, in

comparison with the uniform subband approach of [11].

The paper is organized as follows. Section 2 describes the

proposed algorithm. Section 3 analyzes the experimental results

obtained by using first white noise, and then three different snoring

noises. Finally, conclusions are reported in Section 4.
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Figure 1: Scheme of an ANC system based on FxLMS algorithm.

2. ALGORITHM DESCRIPTION

The general scheme of an ANC system based on FxLMS algo-

rithm is depicted in Fig. 1. The noise signal x(n) reaches the

error microphone passing through the primary acoustic path p(n),
defining the desired signal d(n). The signal x(n) is filtered by the

adaptive filter w(n), obtaining y(n), reproduced by the canceling

loudspeaker. Hence, the signal y(n) is propagated through the sec-

ondary path s(n) and arrives at the error microphone as y′(n). The

error e(n) is defined as

e(n) = d(n)− y′(n), (1)

and it represents the signal captured by the error microphone. The

adaptive filter w(n) is updated by elaborating the residual noise

e(n) through the LMS algorithm. Starting from this general ap-

proach, the proposed algorithm is shown in Fig. 2. The proposed

ANC system implements a SAF structure, derived from the modi-

fication of the uniform filter bank used in [12] into a non-uniform

filter bank. The creation of the non-uniform filter bank, the sub-

band filter update algorithm, and the procedure for deriving the

fullband filter are described in the following.

2.1. Non-Uniform DFT Filter Bank

The non-uniform DFT filter bank is designed as an octave filter

bank with M = 10 bands. It is obtained from a prototype filter

q(n) of length L0 = 2048 and normalized cut-off frequency of

π/N0, where N0 = 2(M−1) = 512. The windowing method

using the Hamming window is chosen for the filter design. The

first filter of the bank is computed as follows:

h0(n) = q(n)
√
N0. (2)

The mth filter of the filter bank, with m = 1, ...,M − 1, is calcu-

lated as follows:

hm(n) = q(kn)
√
kN0e

j

(

2πk

N0

)

n
, (3)

where k = 2(m−1), n = 0, ..., Lm − 1, and Lm = L0/k defines

the length of the mth filter. In this way, the longest filters, with

2048 coefficients, describe the first and second bands, while the

length of each following filter is progressively reduced by two,

arriving at the shortest filter of the tenth band composed of 8 taps.

2.2. Subband Adaptive Filtering

The input signal x(n) is filtered by the estimated secondary path

ŝ(n), resulting in the reference signal x′(n). The non-uniform

filter bank is applied to x′(n) and to the error signal e(n), ob-

taining the respective subband signals x′

m(n) and e′m(n), with

Figure 2: Structure of the proposed ANC approach with delayless

non-uniform subbands algorithm.

m = 0, 1, ...,M − 1. The weights of the m-th subband wSAF
m (n)

are calculated using the normalized LMS (NLMS) algorithm as

w
SAF
m (n+ 1) = w

SAF
m (n) + µmx

′∗

m(n)e′m(n), (4)

where ∗ denotes the complex conjugation. µm is the step size

normalized by the power of the mth band signal as follows:

µm =
µ

α+ ||x′
m(n)||2 , (5)

where α is a small number to avoid division by zero and µ is the

step size. The final fullband filter is obtained through the weight

transformation described in the following section.

2.3. Weight Transformation

The weight transformation is applied to the adaptive subfilters to

obtain an equivalent real-valued fullband filter of length L. The

transformation is achieved by implementing the following steps:

• the subband weights are transformed by (L/Dm)-point

FFT, where Dm = N0/(2k) is the mth decimation factor

with k = 2(m−1) for m = 1, ...,M − 1, and D0 = N0/2;

• the FFT is computed only for the specific subbands that

have to be transformed to reduce computational cost.
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Figure 3: Non-uniform filter bank used in the proposed system.

The x-axis is reported on a logarithmic scale.
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• the complex samples of FFT are stacked in the right posi-

tion of the array of the fullband complex filter;

• to complete the array, the central point is set to zero and the

samples stacked in the first half are complex conjugate and

reverse in order to fill the position of the second half of the

array;

• the fullband filter w(n) is calculated by a 2L-point inverse

FFT (IFFT) of the array and the final fullband filter is ob-

tained by the first L coefficients of the result.

3. EXPERIMENTAL RESULTS

The proposed system has been validated through several simula-

tions, carried out on MATLAB. For the experiments, the primary

path p(n) and the secondary path s(n) have been measured in a

semianechoic environment following the setup described in [9]

and shown in Figure 4. In particular, the reference microphone

is placed close to the noise sound source to capture the input sig-

nal x(n). Additionally, a distance of 2 m between the noise source

and the error microphone (primary path) and 20 cm between the

canceling loudspeaker and the error microphone (secondary path)

have been considered. The impulse response of the primary path

is 1024 samples, while the secondary path is 512 samples. A sam-

pling frequency of fs = 44.1 kHz has been used.

In the experiments, the proposed approach with the non-uni-

form filter bank is compared with the case of the uniform filter

bank of [11]. The non-uniform filter bank is composed of M = 10
bands, shown in Figure 3. The subband filters have different

lengths for each band, i.e., [2048, 2048, 1024, 512, 256, 128, 64,

32, 16, 8], from the first to the tenth band, respectively. The uni-

form filter bank is applied using 64 subbands of equal frequency

width and subband filters of length 384 samples, to guarantee a

computational cost comparable to the proposed approach. For both

approaches, the length of the fullband adaptive filter w(n) is 1024,

and the factor α of Equation (5) is set to α = 10−6.

First, the algorithm has been tested using white noise as input

to analyze the performance with broadband noise and to control

Figure 4: Photo of the setup used for the experiments.

all the frequencies between adjacent bands with different cutoff

frequencies. After that, three different snoring signals are applied

to the proposed system.

3.1. Validation with White Noise

The validation test has been carried out with many simulations to

find the optimal values of step size for the adaptive algorithm. In

particular, a step size of µ = 0.1 has been chosen for both the uni-

form and the non-uniform filter bank. In Figure 5, the responses of

the primary path estimated with the uniform and the non-uniform

ANC algorithm are compared to the measured one in both the time

and the frequency domain. The non-uniform filter-bank produces

a better estimation, especially at low frequencies, where subband

filters have a narrower width. Figure 6 reports the mean squared er-

rors compared to the input noise signal. The final residual error is

comparable between the two methods, however, the non-uniform

case guarantees a higher convergence speed.

3.2. Results with Snoring Noise

After the validation with white noise presented in Section 3.1, the

proposed algorithm has been tested considering snoring noise sig-

nals as input. The snoring signals have been analyzed to evaluate

the frequency power distributions, shown in Figures 7(a), 7(b), and

7(c). As said above, the major part of the energy of this type of sig-

nal is concentrated in the medium and lower frequencies, and the

filter bank has been designed considering this power distribution.
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Figure 5: Impulse response comparison between the proposed ap-

proach and the reference algorithm of [11], taking into considera-

tion the original measured impulse response.
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Figure 6: MSE comparison considering the original noise signal

and the noise cancellation obtained with the proposed approach

and with the reference algorithm of [11]
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Figure 7: Amplitude spectrum of (a) the first, (b) the second, and

(c) the third snoring signal, used for the experiments.

In particular, the first signal (Figure 7(a)) contains most of the en-

ergy in the band between 10 Hz and 1 kHz. The second snore

(Figure 7(b)) has a narrower band between 60 Hz and 200 Hz. Fi-

nally, the third signal (Figure 7(c)) has a huge contribution at 100

Hz and minor peaks up to 3 kHz.

Also in this case, several simulations have been achieved to

find the optimal values of step size. Defining as µu the step size of

the uniform approach and as µ the step size of the proposed non-

uniform method, the following values have been used for the three

signals:

• for Snoring-1, µu=0.05, and µ = 0.05;

• for Snoring-2, µu=0.1, and µ = 0.05;

• for Snoring-3, µu=0.03, and µ = 0.05.

As it can be seen, for the non-uniform case, there was no need to

change the step size since the best results are always obtained with

µ = 0.05.
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Figure 8: Impulse response comparison between the proposed ap-

proach filter, the reference approach of [11], and the measured im-

pulse response considering as input (a) the first, (b) the second and

(c) the third snoring signals.

Figure 8 shows the estimated primary paths compared to the

measured one both in time and in the frequency domain for all

three cases. Figure 9 shows the MSE values of the uniform and

non-uniform approach in comparison with the mean squared noise

input signal. Finally Figure 10 shows the residual error signals

compared to the input snoring noise.

In detail, with the first snore, the primary path is perfectly re-

constructed with both uniform and non-uniform filter banks. How-

ever, the MSE plot of Figure 9(a) reveals a faster convergence of

the non-uniform approach. The two algorithms reach the same

MSE values around 250k samples. This is also confirmed by the

error trends shown in Figure 10(a).

Similar observations can be derived from the results obtained

with the second snoring. The primary path is correctly esti-

mated, as shown in Figure 8(b) because the adaptation algorithm
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Figure 9: MSE comparison considering the original noise signal

and the effect of noise cancellation with the proposed approach

and with the approach of [11] for (a) the first, (b) the second and

(c) the third snoring signals.

is stopped when both approaches reach the minimum error. Then

again, the MSE value of Figure 9(b) shows a lower error for the

non-uniform technique, especially in the parts where the signal is

greater, i.e., when the snoring occurs. Figure 10(b) shows the com-

parison between the two residual errors proving the better cancel-

lation of the proposed approach.

Finally, the estimated paths with the third snoring signal are

shown in Figure 8(c). The impulse response is correctly recon-

structed up to 15 kHz with both algorithms. Looking at the MSE

value of Figure 9(c), it is evident that the non-uniform bank guar-

antees a greater convergence rate. This result is also clearly visible

in the residual signal of Figure 10(c).
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Figure 10: Comparison considering the original noise signal and

the effect of noise cancellation with the proposed approach and

with the approach of [11] for (a) the first, (b) the second and (c)

the third snoring signals.

4. CONCLUSIONS

In this paper, an active noise control system based on a non-

uniform subband implementation is proposed. The non-uniform

octave-band DFT filter bank is used in the FxNLMS structure to

filter the reference and the error signals. The subband adaptive

filters are updated using the NLMS algorithm, and the final full-

band adaptive filter is reconstructed through a weight transforma-

tion procedure. The proposed system has been compared with an

existing state-of-the-art approach that uses a uniform filter bank.

First, a validation of the proposed approach has been carried out

considering white noise as input. Then, three snoring signal are

used to evaluate the performance in terms of the reconstructed im-

pulse response, mean squared error, and residual error. In all the

cases, the non-uniform approach allows for faster convergence, en-

suring a good noise reduction before the ANC with the uniform
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filter bank. Future works will be focused on real-time implemen-

tation and testing of the proposed algorithm exploiting a DSP plat-

form.
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