
ETRI Journal, Volume 35, Number 5, October 2013 © 2013                        Hua Bao and Issa M.S. Panahi   859 

The active noise control (ANC) technique attenuates 
acoustic noise in a flexible and effective way. Traditional 
ANC design aims to minimize the residual noise energy, 
which is indiscriminative in the frequency domain. 
However, human hearing perception exhibits selective 
sensitivity for different frequency ranges. In this paper, we 
aim to improve the noise attenuation performance in 
perceptual perspective by incorporating noise weighting 
into ANC design. We also introduce psychoacoustic 
analysis to evaluate the sound quality of the residual noise 
by using a predictive pleasantness model, which combines 
four psychoacoustic parameters: loudness, sharpness, 
roughness, and tonality. Simulations on synthetic random 
noise and realistic noise show that our method improves 
the sound quality and that ITU-R 468 noise weighting 
even performs better than A-weighting. 
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I. Introduction 

The active noise control (ANC) [1] technique is based on the 
principle of superposition by generating an appropriate anti-
noise, which is a signal with equal amplitude and opposite 
phase of the primary noise in the ideal situation. The anti-noise 
is controlled by the adaptive filter [2] in the digital domain. In 
the realistic system, the noise signal cannot be canceled out 
completely, which leads to the existence of residual noise. 
However, regarding mean square error (MSE), the adaptive 
filter can minimize the residual noise by updating the filter 
coefficients, which controls the anti-noise signal.  

Interest in the research of human factors has grown in 
engineering [3]. Such research focuses on the idea that objects 
and machines are built to serve humans and must always be 
designed with human users in mind. Regarding the ANC 
technique, it should be noted that the ultimate goal of ANC is 
to minimize the annoyance of acoustic noise to human hearing. 
Hence, human hearing sensation is an important factor to be 
taken into account in the ANC system design. However, the 
human hearing system has very complicated characteristics. 
Nonuniform frequency response is one of the most significant 
features. Psychoacoustic research reveals that the human ear is 
more sensitive to the mid frequencies than to the very low or 
very high frequencies. Fletcher and Munson quantified human 
hearing sensitivity with respect to frequency for single tone 
sound in the form of equal-loudness contour in 1933 [4].  

To obtain a subjectively valid measurement of noise, noise 
weighting, an amplitude-frequency function, is commonly 
used to incorporate a nonuniform frequency response. There 
are two popular noise weighting standards: A-weighting [5] 
and ITU-R 468 noise weighting [6]. A-weighting was derived 
from equal-loudness contour for low-level pure tone noise. 
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ITU-R 468 noise weighting was presented by Comité 
Consultatif International pour la Radio (CCIR) to measure 
random noise. It is commonly used in Europe. In this paper, 
noise weighting will be incorporated into the ANC system to 
improve the perceptual performance. Noise weightings are 
easy to implement in linear time-invariant (LTI) form. Digital 
filters can be designed according to the standard amplitude-
frequency curves.  

By incorporating noise weighting into the ANC system, we 
present a perceptually motivated ANC system based on the 
filtered-E least mean square (FELMS) structure initially 
proposed by Kuo and Tsai [7]. Kuo and Tsai presented FELMS 
as a method to shape the residual noise spectrum. Although 
they indicated that human hearing response could be applied, 
no further investigation has been found. In this paper, we will 
provide a practical implementation to improve the ANC 
performance in terms of human perception. We refer to our 
ANC design, which considers psychoacoustic factors, as 
psychoacoustic ANC (PANC). In our previous work, the 
application of A-weighting on ANC was investigated [8], and a 
delay-less subband structure [9] was utilized to further improve 
the perceptual performance and computational complexity  
[10]. 

Since the target of the PANC system is to minimize the 
perceptual annoyance of residual noise on human hearing, 
perceptual measurement should be utilized for performance 
evaluation. Sound pressure level (SPL), most commonly used 
for the traditional ANC system, is not a good candidate because 
it treats the whole frequency range indiscriminately. In [8], [10], 
noise attenuation performance was evaluated with loudness 
measurement, which is a psychoacoustic metric for sound 
intensity. Loudness is one aspect of human sensation. To 
estimate the overall pleasantness/annoyance of noise, sound 
quality is considered in this paper. Sound quality research aims 
to predict human preference for sound [11], [12]. Aures [13] 
presented an empirical model, which predicted the pleasantness 
of a sound. This model combines four psychoacoustic 
measurements: loudness, sharpness, roughness, and tonality [4]. 
This model has been used for different applications, such as 
ANC on car noise [14], speech enhancement [15], and so on. 
In our early attempt [16], we applied sound quality analysis on 
the PANC system with ITU-R 468 noise weighting in a brief 
manner. In this paper, we will systematically compare the 
PANC system with two different noise weightings for both 
synthetic random noise and realistic environmental noise. 
Analysis will be conducted to examine the impact of noise 
weightings on the spectrum of residual noises. The detailed 
procedure to design the digital filter for noise weightings will 
also be introduced. 

The rest of this paper is organized as follows. Section II 

briefly reviews the traditional ANC system based on the 
filtered-X least mean square (FXLMS) structure and 
delineates the proposed PANC system with noise weighting. 
Section III explains the psychoacoustic models for loudness, 
sharpness, roughness, and tonality. The pleasantness model is 
finally given by combining the above four models. In section 
IV, we show the simulation results for synthetic random noise 
and realistic magnetic resonance imaging (MRI) acoustic 
noises. Finally, conclusions and future work are discussed in 
section V.  

II. Methods 

1. Conventional ANC System  

In general, the ANC systems can be categorized as 
feedforward structures or feedback structures [1], [17], [18]. 
FXLMS is a typical feedforward structure, as shown in Fig. 1. 
The primary path transfer function, P(z), models the system 
response from the reference sensor measuring the source noise 
signal, x(n), to the error sensor measuring the attenuated signal, 
e(n), at the canceling point. The secondary path transfer 
function, S(z), respresents the system response from the output 
of the adaptive filter to the canceling point. ˆ( )S z is the 
estimated version of S(z). The FXLMS structure is very 
tolerant of the estimation error in ˆ( )S z , which can be estimated 
either online or offline. The “adaptive algorithm” module 
represents the algorithm that is used to update the coefficients 
of adaptive filter W(z). Popular adaptive algorithms include the 
LMS method, the normalized LMS (NLMS) method, 
recursive least square method, and affine projection algorithm. 
Once the ANC system begins working, the output of W(z) 
drives the loudspeaker to send a canceling signal to attenuate 
the noise in the expected area. The coefficients of W(z) are then 
updated so that the residual noise is minimized in terms of 
MSE.  

  

 

Fig. 1. Conventional ANC system based on feedforward
FXLMS.  

- 
d(n)  + 

Adaptive 
algorithm

x(n) 
P(z) 

ˆ( )S z

W(z) S(z)  y(n)  

e(n) 

 



ETRI Journal, Volume 35, Number 5, October 2013 Hua Bao and Issa M.S. Panahi   861 

2. Noise Weighting 

Noise weighting is proposed for the purpose of quantifying 
human hearing sensitivity with respect to frequency. The 
American National Standards Institute (ANSI) specifies several 
noise weighting standards: A, B, C, and D. B-weighting, 
originally intended to represent human response to moderate 
intensity of sound, is rarely used. C-weighting weights 
frequencies almost equally. D-weightings (more than one) 
were designed primarily to measure aircraft noise but have yet 
to gain complete universal acceptance and are currently used 
only for very specific measurement applications. Among the 
four weighting standards, A-weighting is most commonly used. 
The United States Department of Labor Occupational Safety 
and Health Administration standards for daily occupational 
noise limits are specified in terms of the measurement based on 
A-weighting. The United States Environmental Protection 
Agency has selected A-weighting as the appropriate measure 
of environmental noise. 

Considering that A-weighting comes from the listening 
experiment on pure tone, CCIR standardizes ITU-R 468 noise 
weighting for the measurement of random noise. It is most 
popular in Europe and former countries of the British Empire, 
such as Australia and South Africa. According to the ANSI 
standard [5], A-weighting frequency response can be calculated 
by (1) and (2):  

2 4

2 2 2 2 2 2 0.5 2 2 0.5

( )

12200 ,
( 20.6 )( 12200 )( 107.7 ) ( 737.9 )

aR f

f
f f f f

=
+ + + +

(1) 

2.0 20log( ( )).aA R f= +             (2) 

The frequency response (amplitude) of ITU-R 468 noise 
weighting is shown in Fig. 2. A detailed table was provided in 
[6]. It differs greatly with A-weighting in the frequency range 
of 5 kHz to 8 kHz, where it peaks at 12.2 dB at 6.3 kHz. 

To incorporate noise weighting into the ANC system, we 
derive digital filters approximating the magnitude responses 
shown in Fig. 2, as follows. First, a modified Yule-Walker 
method [19] is used to generate the infinite impulse response 
(IIR) filter. Since the resulting IIR filters do not fit the standard 
frequency responses in the low frequency range, a 
second-order Butterworth filter is cascaded to obtain the final 
IIR filters with acceptable fit to the curves shown in Fig. 2. We 
then obtain the desired finite impulse response (FIR) filter with 
an order of 100 by truncating the impulse responses of the 
resulting IIR filters. The energy of the truncated impulse 
response exceeds more than 99% of the energy of the initial 
impulse response. The FIR filter is chosen for noise weighting  

 

Fig. 2. Frequency responses of A-weighting (thin line) and ITU-R
468 noise weighting (bold line). 
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implementation because it is more tolerant of the quantization 
error in fixed-point implementation than the IIR filter. The 
result thus will be more meaningful for further realistic 
implementations. 

The frequency response (amplitude) of the designed filters 
with the Butterworth filter for A-weighting and ITU-R 468 
noise weighting are displayed in Fig. 3. It is shown to be very 
close to the desired curve. FIR filters without Butterworth 
filters are also shown for comparison in Fig. 3. 

3. PANC System with Noise Weighting 

Figure 4 presents the PANC system based on the FELMS 
structure. The noise weighting filter, Hnw(z), converts real 
residual noise e(n) to pseudo residual noise eh(n), which is fed 
to the adaptive algorithm module. To make the system 
converge, a copy of Hnw(z) is used following ˆ( )S z . The NLMS 
method is adopted as the adaptive algorithm due to its 
simplicity and effectiveness. 

The update equation of the adaptive filter can be expressed 
as 

( )
( 1) ( ) 2 ( ) ,

( ) ( )
h

h T
h h

n
n n e n

n n
μ+ = +

x
w w

x x
       (3) 

where ( ) [ (0),  (1),  ..., ( 1)]T
n n nn w w w L= −w denotes  the 

weight vector of the adaptive filter, L is the length of the 
adaptive filter, μ is the step size for the filter adaptation, (·)T 
denotes the transpose operation, eh(n) is the output of filter 
Hnw(z) with e(n) as input, and ( ) [ ( ),  ( 1),  ...,h h hn x n x n= −x  

( 1)]T
hx n L− + is the output vector of the cascade filters 

ˆ( )S z and Hnw(z) with x(n) as the input. Noise weighting filter 
Hnw(z) is designed as per the process described 
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Fig. 3. Standard noise weighting curve (bold line) and designed
FIR filter without (dashed line) and with (thin line)
Butterworth filter compensation for (a) A-weighting and
(b) ITU-R 468 noise weighting. 
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Fig. 4. PANC system with noise weighting based on FELMS
structure. 
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in subsection II.2. 

As shown in Fig. 4, the energy of pseudo residual noise eh(n) 

instead of that of real residual noise e(n) is minimized. If we 
consider module Hnw(z) as a model for the human ear, eh(n) is 
the perceived signal with e(n) as the input signal to our hearing 
system. This means the energy of the perceived signal is 
minimized, which gives a quieter result in the perceptual sense 
than the conventional ANC system. Note that it is so far 
impossible to model the human ear perfectly. Since the noise 
weighting filter approximates the property of the human ear, 
eh(n) is closer to what we perceive than e(n). Therefore, 
residual noise in the new system, shown in Fig. 4, is perceived 
to be quieter than that in the conventional system, shown in Fig. 
1. 

With respect to the computational complexity, the additional 
computation cost in this system compared to the conventional 
ANC system is the filtering operations for the noise weighting 
filter. The delay-less subband filtering scheme may be used to 
further reduce the computational burden [10]. 

III. Psychoacoustic Analysis 

Psychoacoustics is the study of the human perception of 
sound. In this paper, we try to evaluate the ANC performance 
based on the human perception of residual noise. A subjective 
test is the most direct way to meet the goal. However, several 
drawbacks may restrict its usage: 1) inconsistent evaluation 
during testing, 2) disparage among listeners, 3) time cost for the 
testing setup and monetary cost for recruiting and training 
listeners, and 4) potential hearing damage during testing. 
Therefore, there is a need to apply an objective model to 
estimate the subjective evaluation. This section will describe 
the quantitative models for several psychoacoustic 
measurements. 

1. Loudness 

The perceptual intensity of a sound is modeled as loudness, 
which can be calculated as 

24Bark

0
,L N dz′= ∫                  (4) 

where L is the overall loudness and N ′ is the “specific 
loudness,” that is, the loudness in a specific critical band in unit 
sone or unit Bark. Bark is the psychoacoustic scale for the 
critical band, which can be converted from the frequency in Hz 
as 

2Bark 13arctan(0.00076 ) 3.5arctan(( /7500) ).f f= +  (5) 

The calculation for specific loudness follows the standard 
ISO532B/DIN45631. The frequency masking effect is 
included in the loudness model. One sone is defined as the 
loudness of a 1-kHz tone with 40-dB SPL. 
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The process of calculating the specific loudness is as follows. 
The digitized signal is filtered with twenty-four 1/3 octave 
filters to decompose into critical bands. Then, the excitation 
level in each critical band is calculated with the decomposed 
signal. The specific loudness is then obtained with the 
excitation level, as described in [4]. 

2. Sharpness 

The high frequency content of a sound is modeled as 
sharpness in the unit of acum. One acum is defined as the 
sharpness of a narrowband noise with one critical-band 
bandwidth at a center frequency of 1 kHz and a sound level of 
60 dB.  

It can be calculated as 
24Bark

0
24Bark

0

( )
0.11 acum,

N g z zdz
S

N dz

′
=

′
∫
∫

         (6) 

where g(z) is the weighting factor, which increases above 16 
Bark to values larger than unity: 

0.171

1,                    16,
( )

0.066 ,     16.z

z
g z

e z
≤⎧

= ⎨
>⎩

          (7) 

The sharpness sensation increases with frequency once it is 
greater than 16 Bark (about 3.15 kHz). 

3. Roughness 

The temporal variation of either amplitude or frequency is 
modeled as roughness in asper. One asper is the roughness of 
60-dB, 1-kHz tone that is 100% modulated in amplitude at a 
modulation frequency of 70 Hz.  

The frequency resolution and temporal resolution of the 
human hearing system determine the roughness of a sound. 
The frequency resolution can be represented by the excitation 
pattern or specific loudness versus critical-band rate pattern. 

A quantitative model for roughness can be expressed as 

24Barkmod E
0

( )
0.3   asper,

kHz dB/Bark
f L z

R
Δ

= ∫          (8) 

where fmod is the modulation frequency and E ( )L zΔ is the 
temporal masking depth in each critical band. E ( )L zΔ is 
further modeled by the ratio of maximum loudness and 
minimum loudness in each critical band. 

4. Tonality 

The tonal prominence of a sound is represented by tonality. 
There are several models of tonality. In this paper, we adopt the 
spectral flatness measure (SFM) [20] to quantify tonality. It 

measures the energy distribution among all spectral bands. 
High values indicate that the spectrum appears relatively flat 
and smooth. SFM is calculated by the ratio between the 
geometric mean of the power spectrum and the arithmetic 
mean of the power spectrum: 
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∑

               (9) 

where P(k) is the magnitude of the k-th DFT sample. Using 
SFM, tonality T is calculated by 

dB 1010 log ( ),SFM SFM=             (10) 

dBmin( ,   1).
60

SFM
T =

−
            (11) 

5. Pleasantness 

The aforementioned psychoacoustic metrics measure four 
aspects of human hearing sensations. To measure the overall 
preferences by listeners, an integrated measurement of sound 
quality is required. In this paper, the sound quality is quantified 
by the empirical pleasantness model for pleasantness proposed 
in [13]: 

20.55 0.113 2.2 (0.023 )(1.24 ) ,R S T LP e e e e− − − −= −        (12) 

where R represents the roughness, S is the sharpness, T gives 
the value of tonality, L denotes the loudness, and P is the value 
of the overall pleasantness. 

IV. Simulation and Discussion 

Our simulations adopt two types of noise: synthetic random 
noise and realistic environmental noise. Modulated random 
noise is used as synthetic noise. MRI acoustic noise is chosen 
for realistic environmental noise. Some common 
configurations of two sets of simulations are described first. 
Primary and secondary path transfer functions P(z) and S(z) 
come from the measurements in our testbed, which mimics the 
MRI bore, as shown in Fig. 5. Two microphones are used to 
capture the input and output signals of the target acoustic path. 
Then, an adaptive FIR filter is used to model the impulse 
responses of the paths for P(z) and S(z). P(z) and S(z) are then 
truncated to a length of 100 each with the frequency response 
shown in Fig. 6 to simplify the simulation. Parameters are 
chosen as follows: sampling frequency is 44.1 kHz, adaptive 
filter uses NLMS algorithm, length of W(z) is 1,000, and step 
size μ is empirically chosen as 0.05. 

In each simulation, results of the following four cases are  
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Fig. 5. Testbed, which mimics the MRI bore for P(z) and S(z)
measurements [16].  

 
compared and analyzed. 

• Case 1: ANC is off 
• Case 2: Conventional ANC system 
• Case 3: PANC system with A- weighting 
• Case 4: PANC system with ITU-R 468 noise weighting. 

1. Synthetic Random Noise 

Random noise is chosen because it covers the full frequency 
band, which helps to give an overall evaluation of the human 
hearing sensation in the whole audible frequency range. Note 
that random noise shows very little roughness. To evaluate the 
effect on roughness, synthetic Gaussian white noise is 
amplitude-modulated with a modulation frequency of 70 Hz 
and modulation degree of 30%. 

Simulations are conducted for the aforementioned four cases. 
Power spectrums of residual noises in Case 2, Case 3, and Case 
4 are compared, as shown in Fig. 7. It can be seen that the 
incorporation of noise weighting in Case 3 and Case 4 changes 
the power spectrum of residual noise. The middle range 
(approximately 1 kHz to 12 kHz) is given more attenuation. 
The frequencies beyond this range are given less attenuation 
than that for Case 2. Furthermore, the incorporation of ITU-R 
468 noise weighting in Case 4 causes greater weighting effect 
than the incorporation of A-weighting in Case 3. 

Then, psychoacoustic analysis is done on the residual noises 
of these cases to quantify the perceptual effects of the above 
power spectrum changes. Figure 8 shows values of six metrics 
for each case: SPL, loudness, sharpness, roughness, tonality, 
and pleasantness. Psychoacoustic metric calculations are 
explained in section III. We specifically tabulate the 
comparison of Case 3 and Case 4 with Case 2 in Table 1. For 
SPL (dB), change C is calculated as 

2    ( 3, 4).iC SPL SPL i= − =          (13) 

For the other five metrics, change C is calculated in percentage 
as 

 

Fig. 6. Frequency response (magnitude) for (a) P(z) and (b) S(z)
[16]. 
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Fig. 7. Power spectrum comparison of residual noises in Case 2
(solid line), Case 3 (dashed line), and Case 4 (dotted line)
with synthetic random noise as noise source. 
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Fig. 8. Parameter analysis for synthetic random noises in four cases (Case 1: ANC is off; Case 2: conventional ANC; Case 3: PANC
with A-weighting; Case 4: PANC with ITU-R 468 noise weighting): (a) SPL, (b) loudness, (c) sharpness, (d) roughness,
(e) tonality, and (f) pleasantness. 
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Table 1. Residual noise change in Case 3 (PANC with A-weighting) 
and Case 4 (PANC with ITU-R 468 noise weighting) 
compared with Case 2 (conventional ANC) in terms of six 
metrics (SPL, loudness, sharpness, roughness, tonality, and 
pleasantness) with synthetic random noise as noise source.

 SPL Loudness Sharpness Roughness Tonality Pleasantness

Case 3 6.35 dB –26.76% –5.19% –8.54% 51.30% 28.96% 

Case 4 12.17 dB –30.65% –18.61% –22.90% 104.48% 55.58% 
 

 
where Mi is the metric value for the i-th case. 

It is interesting to see that we have higher SPL in Case 3 and 
Case 4 than in Case 2 (conventional ANC). However, the 
loudness values are reduced significantly, which are 26.76% 
and 30.65% for Case 3 and Case 4, respectively. It again 
demonstrates that the SPL is not positively proportional to 
human hearing perception. Sharpness values are reduced 
owing to the lower responses for high frequency components 
in noise weighting filters. Due to the nonuniform response in 
noise weighting, the spectrum flatness decreases in the PANC 
system, which increases the tonality values in Case 3 and  
Case 4. A roughness improvement may be explained in a way 
that the adaptive filter will attenuate a temporal change of 
loudness owing to the controller’s adaptive nature. Overall, the 

pleasantness values are improved 28.96% and 55.58% in 
Case 3 and Case 4, respectively. 

An informal listening test is used to order the four cases by 
their subjective pleasantness. Results show that Case 1 <  
Case 2 < Case 3 < Case 4, which verifies that the results by 
objective pleasantness model correlate with subjective 
sensation. 

 2. Realistic MRI Noise 

Herein, we apply the new system to realistic MRI acoustic 
noise. As known, the rapid switching of the gradient coil in the 
MRI machine generates strong acoustic noise, which we refer 
to as scanner noise. The presence of scanner noise in the 
audible range not only creates a detrimentally annoying 
environment for patients and technicians but also interferes 
with functional MRI (fMRI) directly and indirectly [21], [22]. 
Direct interference comes with an increase in regional cerebral 
blood flow, interacting with the blood oxygen level dependent 
response of the brain activation. Indirect interference exists in 
the distraction on the perception of the stimulus by strong 
scanner noise. ANC technique has been applied to attenuate 
MRI scanner noise [23]. Perceptual improvement in the ANC 
system is especially meaningful to weaken the influence of 
acoustic scanner noise during fMRI examination. 

In our experiment, MRI acoustic noise is recorded from a 
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Siemens 3-T Magnetom Trio. Diffuse-field microphones 
(B&K 2669C) and a data acquisition card (NI-PCI4472) are 
used for the recording. The noise is collected when the MRI 
machine is running echo planar imaging sequences at 16 slices 
per second. For the roughness calculation, we use 16 Hz as the 
modulation frequency. A power spectrum comparison for Case 
2, Case 3, and Case 4 is shown in Fig. 9. Results of four cases  

 

 

Fig. 9. Power spectrum comparison of residual noises in Case 2
(solid line), Case 3 (dashed line), and Case 4 (dotted line)
with realistic MRI noise as noise source. 
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in terms of six metrics are shown in Fig. 10. A quantitative 
comparison of Case 3 and Case 4 with Case 2 is shown in 
Table 2. It demonstrates again that incorporation of noise 
weighting increases the SPL but decreases the loudness values. 
Over that of Case 2, Case 3 and Case 4 show an improvement 
in pleasantness of 10.05% and 41.96%, respectively. To verify 
the improvement, we conduct an informal listening test. The 
preference in the informal test results is Case 1 < Case 2 < Case 
3 < Case 4. 

V. Conclusion 

This paper proposed a method to improve ANC performance 
in terms of human hearing sensation. Noise weighting, instead 

 

Table 2. Residual noise change in Case 3 (PANC with A-weighting) 
and Case 4 (PANC with ITU-R 468 noise weighting) 
compared with Case 2 (Conventional ANC) in terms of six 
metrics (SPL, loudness, sharpness, roughness, tonality, and 
pleasantness) with realistic MRI noise as noise source. 

 SPL Loudness Sharpness Roughness Tonality Pleasantness

Case 3 1.3 dB –3.58% 1.25% 0.09% 10.50% 10.05% 

Case 4 2.59 dB –13.80% –14.34% 1.79% 31.35% 41.96% 
 

 
 

Fig. 10. Parameter analysis for realistic MRI acoustic noises in four cases (Case 1: ANC is off; Case 2: conventional ANC; Case 3:
PANC with A-weighting; Case 4: PANC with ITU-R 468 noise weighting): (a) SPL, (b) loudness, (c) sharpness, (d) roughness,
(e) tonality, and (f) pleasantness. 
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of a complicated nonlinear psychoacoustic model, was adopted 
to approximate the nonuniform property of human auditory 
system and incorporated into the ANC system based on the 
FELMS structure. Two popular standards, A-weighting and 
ITU-R 468 noise weighting, were used in the new system. 
These weightings were implemented as digital filters, which 
made it easy for a real-time system. Furthermore, we extended 
the evaluation tool from the commonly used SPL and 
previously used loudness in [8], [10] to sound quality, which 
tended to give an overall evaluation of sound in terms of 
pleasantness. An objective pleasantness model was used for 
this task. Both synthetic noise and realistic noise were taken for 
simulations. Results show that the new system improves not 
only loudness but also pleasantness, although SPL increases. 
Informal listening tests demonstrated that the results from the 
objective pleasantness model correlate with the subjective 
sensation. A comparison also indicated that a system with  
ITU-R 468 noise weighting performs better than one with   
A-weighting. This works as expected due to the difference in 
the nature of these two noise weightings. A-weighting is 
derived based on the measurement of tone signals. However, 
ITU-R 468 noise weighting is designed for wideband random 
noise. The fact that most of the realistic noises exhibited 
wideband characteristics makes the latter more suitable for 
practical use. 

To verify the overall effect of noise weighting in the whole 
audible frequency range, we chose 44.1 kHz as the sampling 
frequency in our simulations. Some research claims that ANC 
is only effective for the low frequency domain. The small 
wavelength of a high frequency signal may limit the size of the 
quiet zone. In some ANC applications, the requirement for the 
quiet zone size is not strict because of the short distance 
between the speaker and human ear. However, it would still be 
helpful to test the proposed system for a low frequency noise 
signal in future work. Also, the dependence of the 
psychoacoustic performance on the nature of the noise source 
should be investigated. 
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