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Abstract

A psychoacoustic model based noise shaping method which shapes the noise in the frequency domain is proposed, where 
its presence with a host signal will not be perceptually noticeable. The derivation of imperceptible noise levels from the 

masking thresholds of the signal involves a deconv이ution associated with the spreading function in the psychoacoustic 

model, which results in an ill-conditioned problem. In this paper, the problem is formulated as a constrained optimization, 
and it is demonstrated that the solution provides noise shaping where the noise excitation level conforms to the masking 

thresholds of the signal, and thus the noises embedded in the signal will not be perceived by human ear.
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I. Introduction

Noise shaping techniques have been widely employed in 
many different applications in various forms. For instance, 
the perceptual weighting filter in Code-Excited Linear 
Predictive Coding (CELP) shapes the error between the 
original and the synthesized signal such that the frequency 
regions corresponding to the formants are de-emphasized 

[1]. The noise (error) components in the frequency region 

of formant nulls, where the components are more sub­
jectively disturbing, are reduced further. Another instance 
is found in audio coding based on psychoacoustic model 

that shapes the quantization noise such that its presence 
is not perceptible[2]. Furthermore, in noise suppression, 
speech and audio enhancement applications, noise shaping 
techniques are involved in a sense because the frequency 
contents of noisy signals are modified in accordance with 
the frequency domain representation of estimated clean 
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signals[3,7]. Another example includes watermarks or data 
hidings for audio signals which is the process to embed 
data such as copyright infonnation into audio with a 

minimum amount of perceivable degradation to the host 
signal[8].

Many of these applications exploit the masking 
properties of the auditory system. The masking property 

is the psychoacoustic phenomenon that a stronger signal, 

e.g., a pure tone makes a weak signal, e.g., quantization 
noise inaudible (masked). The masking signal is called the 
masker; tiie masked signal is called the target. In order 
to be masked, the excitation levels of the target must fall 

below the masking thresholds of the masker in the 

auditory domain[9,10]. The derivations of imperceptible 
noise levels from the masking thresholds of a host signal 
involve a deconvolution associated with the spreading 
function in the psychoacoustic model, which has been 

known as an ill-conditioned problem. It often leads to 
artifacts such as a negative energy for a thresh이d, zero 
thresholds, etc[9,ll]. To get around this problem, a 
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suboptimal renormalization can be used in place of the 

deconvolution[l 1].

In this paper, the inaudible noise lev이s are derived such 

that their excitation levels conform to the masking thresh이d 

of the host signal by formulating the problem as a constrained 

optimization. The previous work in [9] approached the 

problem of minimal bit rates in audio coding similarly by 

formulating the detection criterion of the target as constraints. 

The criterion adopted in this paper is that excitation levels 

of the noises fall below the masking thresholds of the host 

signal in the auditory domain while one in [9] is that 

excitation level of masker and target together differs by 

less than 1 dB from the excitation level of masker alone. 

It is well known in psychoacoustics that a target can be 

made inaudible (masked) by a masker as long as the 

excitation level of the target fall below the masking 

thresh이ds of the masker in the auditory domain[10-13]t 

From this point of view, the detection criterion employed 

in this paper is more generally acceptable.

The psychoacoustic model is reviewed in Section IL In 

Section III, the proposed method of derivation of inaudible 

noise levels by the constrained optimization is formulated. 

In Section TV, its applicabilities are demonstrated by 

experiments using artificial and speech signals. The conclu­

sions are drawn in Section V.

II. Review of the psychoacoustic model

2.1. Masking

The masking is a perceptual property of the human 

auditory system, by which the presence of a strong signal 

makes a spectral and temporal neighborhood of weaker 

signals imperceptible [14]. They are referred to as simul­

taneous and nonsimultaneous masking, respectively. The 

simultaneous masking depends on the frequency, power, 

and tone-like or noise-like characteristics of both the 

masker and target. The nonsimultaneous masking includes 
pre- and post-masking[8]. The pre-masking is a property 

that a weaker signal, existing for 5-20 msec before the 

strong signal, is made inaudible. The post-masking refers 

to a property that a weaker signal, existing for 50-200 msec 

after the strong signal, is made inaudible. The masking 

threshold associated with the post-masking is modeled as 

an exponential decaying hmcti(m[5,12]. In this paper, the 

simultaneous masking model employed in MPEG audio 

psychoacousic model 1 for layer II is exploited.

Empirical results also show that the human auditory 

system has limited frequency-dependent resolution over 

which the human ear seems to integrate. This dependency 

can be expressed in terms of critical bandwidth of 100 Hz 

for frequencies below 500 Hz and approximately a third 

octave for frequencies above 500 Hz. The critical band 

scale is also used as a measure of frequency, called critical 

band rate, z. The corresponding unit is the Bark. Table 

1 lists cutoff frequencies of the critical bands[9,14].

Table 1. Critical band frequencies, taken from [9].

Rate 

(Barks)
2

(HZ) (Hz) (H7>

1 - 100

2 100 100 200

3 100 200 300

4 100 300 400

5 110 400 510

6 120 510 630

7 140 630 770

8 150 770 920

9 160 920 1080

10 190 1080 1270

11 거 0 1270 1480

12 240 1480 1720

13 280 1720 2000

14 320 2000 2320

15 380 2320 2700

16 450 2700 3150

17 550 3150 3700

18 700 3700 4400

19 900 4400 5300

20 1100 5300 6400

21 1300 6400 7700

22 1800 7700 9500

23 2500 9500 12000

24 3500 12000 15500

25 6550 15500 19500

26 6550 19500 24600
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2.2. Review of the masking model in 에PEG audio

The psychoacoustic model 1 in MPEG audio provides 
signal-to-mask ratios of 32 subbands, which are used in bit 

allocation process for the subbands. Since this paper deals 
with the noise shaping exploiting the simultaneous masking 
model in MPEG audio, the contents relevant to masking 
(MPEG audio psychoacousic model 1 for layer II supporting 

the sampling rate of 32 kHz) are summarized[2].

2.2.1. Calculation of the FFT for time to frequency 

conversion

The 1024-point FFT is taken directly to the input signal, 
x( n), windowed by a Hann window, h{ n). The power 

density spectrum of the signal, R&) is calculated as

P(k) = l()hg吊 切/z(小(湖必， 

0MXNI2 (1)

where N=1024.

2.2.2. Determination of the threshold in quiet (absolute 

threshold)

The threshold in quiet, LTG나初、which is the sound 

pressure level defined in the frequency domain, is given 
in the model[2]. Humans perceive the sound's presence in 
quiet when its sound pressure level exceeds the threshold.

2.2.3. Finding of the tonal and non~tonal components 

of the audio signal

It is necessary to discriminate between tonal and non- 
tonal components from the FFT spectrum because the 
tonality of the masking component has an influence on the 
masking threshold. This step is accomplished by determining 
the local maxima, and then extracting tonal components 
and calculating the intensity of the non-tonal components 
within a bandwidth of a critic시 band. The following three 
operations are performed to obtain sound pressure levels 
of tonal and non-tonal components:

a) Labeling of 1海1 maxima

A spectral line is labeled as a local maximum if

尸以) 느 尸(左一1) and 尸以) 그 尸以+1). (2)

b) 니sting of tonal components and calculation of the 

sound pressure level

A local maximum is put in the list of tonal components 
if

그 7 必, (3)

where j is chosen according to

丿=一2,2

j=-3,—2,2,3

j= —6,・・・，一2,2,…,6
，=—12,…，一 2,2,…，12

for 2< ^<63
for 63 M 左M127

for 127 V 人M 255

for 255 M Am 500.

If P아初 is found to be a tonal component, then the sound 

pressure level of the tonal component is calculated as

Fa(為=10 log {10 直Q二n -KAX p以+1)
10 +10 10 +10 10 (4)

Next, all spectral lines within the examined frequency 
range are set to - oodB

c) Listing of non-tonal components and calculation of 

the power

Within each of 24 critical bands, the power of spectral 

lines (remaining after the tonal components have been 
zeroed) are summed to form the sound pressure level of 

the non-tonal component, corresponding to that

critical band.

2.2.4. Decimation of the maskers to obtain only the 

relevant maskers

The decimation is a procedure that is used to reduce the 
number of maskers that are considered for the calculation 
of the global masking threshed.

2.2.5. Calc니ation of the individual masking thre아iolds

Of the original 512 frequency domain samples as shown 
in Eq. (1), only a subset of the samples, indexed by i, 

are considered for the global masking threshold calculation. 
The number of samples in the subsampled frequency 
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domain is 132.

The individual masking thresholds of both tonal and 
non-tonal components are given by the following expression:

=PtmM(j)} + + 矶&),

=+ + 研 n(/), z(i)) dB (5)

where L7\z(j), z(t)} is the individual masking threshold 

at the subsampled frequency index i corresponding to the 
critical band rate of z( i) caused by the masking component 

at the index j corresponding to the rate of 2(/) • The power 

P{z{i)} is the sound pressure level of the masking com­

ponent at the frequency index j corresponding to the 

critical band rate of z(»- The function av is the masking 

index, and the function vf is the spreading amount.

2.2.6. Determination of the global masking thre아】이d

The global masking threshold L Tg( i) at the i th fre­

quency sample is found by summing the individual masking 

thresholds corresponding to the j th tonal and non-tonal 
maskers and the threshold in quiet LT/i)

L Tg( 1) = 10 log (10 L™'w + 畧 10 ltMzS X »)/io

+ |Q (6)

where the m is the total number of tonal maskers, and 
the n is the total of non-tonal maskers.

III. Derivation of ina니dible noise level

According to the psychoacoustic model in Section 2.2, 
the excitation level of the noise can be obtained by 
removing the masking index and the absolute threshold 
terms from the masking threshold of the noise. In other 
words, the excitation level of each masker is higher than 
its masking thresh이d by the masking index[13]. The 
excitation level is derived from Eq. (6) by removing the 
masking index and the abs이ute thresh이d terms,

瓦顷 = 1() 1 쩌 如俨"侦»加+ 如0 叽国项》/w)

where

N(z)) = Xa(z(j)) + #(N。)，40) dB 

n3)) = Xe(n(/)) + ”「(n。)，X0) dB.

ET^t) is the global excitation level, and E丁成(顶j), z(0) 

and ETnm(z(j)t n(z)) are individu지 excitation levels of 

\the tonal and the non-tonal components, respectively.
The noise can be made inaudible if the excitation level 

falls below the masking threshold of the host signal. In 
order to shape noise in such a manner, it is proposed to 

modify the sound pressure level of the noises in each 
critical band, which leads to a linear filtering of the noise. 
Since the powers of the spectral lines are summed within 

each critical band to form the sound pressure level as 
shown in Section 2.2, the filter gain is assximed to be 

constant within each critical band so that the shaped noise 
is given by

^k) = H(b)N(k), ka<.k<.kkb, 0MZVB — 1 (8)

where klb, khb are the lower and upper bounds (Table 1), 

respectively, of the critical band b9 and B is the total 

number of the critical bands. Eq. (8) states that the 
frequency content of the noise, N( k) within the frequency 
range of each critical band is modified by the correspon­
ding filter coefficients, H( b). Considering that the excita­
tion level of the noise at a certain frequency is found by 

summing the spreaded sound pressure levels of neighboring 
tonal and non-tonal components, the noise level at that 

frequency can be shaped by weighting the neighboring 

tonal and non-tonal components as

另H2{ EH"). Z(加)

•7 = 0

=10 时岡费,ETg( t) <LTg( t)

=10 码3伽，ETg( t) >LTg( t) (9)

where ET[b{z(J)}t z(?)] is the spreaded sound pressure 
level at the frequency index i from the individual masker 

of both tonal and non-tonal components at the critical band 
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index j. The filter coefficients are squared to be consistent 
with the power terms in Eq. (9). In case that the excitation 

level of the noise at the frequency index i exceeds the 

masking thresh이d of the signal, the excitation level is 
adjusted to the masking threshold, to the level that 

conforms to the masking threshold. Otherwise, the excita­
tion level is left intact. The frequencies at which Eq. (9) 

is evaluated may be the same as subsampled frequencies 
at which the masking thresholds are calculated, or the 

frequencies where the tonal and non-tonal components are 
located. Evaluation of Eq. (9) at either frequency sets 
results in the linear algebraic equation in the form 

E - h= m. E is a matrix whose size is the number of 

frequencies evaluated by the number of critical bands, and 
elements of each row are the spreaded sound pressure 
levels at a frequency from individual masker at the 

corresponding critical band. The vector h consists of 

squares of the filter coefficients, H2( b(f)}, whose size is 

exactly the number of critical bands. The vector m con­

sists of either the excitation levels or the masking thresholds 
at the frequencies of evaluation depending on their relative 

amplitudes as in Eq. (9), whose size is exactly the number 
of frequencies evaluated. The number of unknown, i.e., the 
squares of filter coefficients can be greater or less than the 
number of the equations depending on the frequency set, 
which can be solved by the method based on singular value 
decomposition (SVD). However, it is found that the SVD 
based solution occasionally results in negative values as 

squares of the filter coefficients depending on noise level, 

which gives rise to negative powers. In order to cope with 
this problem, the noise shaping is formulated as a 
constrained optimization problem as follows: 

min ||E* h— m||2 such that 知，…，
(10)

It is expected that the resulting excitation levels of the 
shaped noise may be somewhat different from constrained 
masking thresholds because the spreading function depends 
on the sound pressure level of the individual masker. Since 
the higher sound pressure level is spreaded more gradually, 
the resulting noise levels are expected to fall somewhat 
below the constrained masking thresholds. However, it is 

found from a series of experiments as will be shown in 
the next section that the resulting shaped noise is made 
just noticeable by conforming its excitation level to the 
masking threshold of the host signal in the frequency 
regions where the excitation levels exceed the masking 

thresholds. A margin to the just noticeable noise level can 
be placed by incorporating a constant negative bias in the 
masking thresh이d in Eq. (10), which lowers all masking 
thresholds by its amount.

IV. Experimental results

The proposed noise shaping method is tested with both 
artificially generated signals and real speech signals. In 

both tests, the masking model, originally developed fbr 
MPEG audio coding, is modified to accommodate the test 
signals. The sampling rate of the signals used in this test 
is 8 kHz whereas that in MPEG is 32 kHz as in Section 
2.2. Accordingly, the frame size is reduced from 1024 

samples to 256 samples to maintain the same frequency 
resolution of the FFT. The number of subsampled fre­
quencies is reduced from 132 to 78, and the number of the 
critical bands is reduced from 24 to 17, which covers 
baseband of the test signals, 0-4 kHz. The frequency range 
associated with the finding tonal components of Eq. (3) is 
modified in accordance with the down sampling so that a 
local maximum is put in the list of tonal components if

P、险一P아Z3) 君 1 dB (11)

where j is chosen according to

丿= — 2,2 for 2 < k< 63

7= —3, 一2, 2,3 for 63<^< 125.

A sinusoidal signal with the amplitude of 1000 and the 
frequency of 1000 Hz as the masker and a pseudorandom 
noise in the range of -50 to 50 as the target are generated 
fbr the test of the proposed noise shaping method. The 
noise is shaped by Eq. (10) using the masking thresholds 
of the sinusoidal signal and the excitation levels of the 
noise, evaluated at the 78 subsampled frequencies. The
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Table 2. S이니tions for the elements of the h.

加 1.000000 知 1.000000

知 1.000000 如） 1.000000

h2 1.000000 如 0.991342

知 1.000000 "12 0.065329

加 0.816476 0.043398

步5 0.540370 力14 0.010226

0.420937 知5 0.008272

1.000000 如 0.007491

1.000000

s이ution is presented in Table 2 with the initial values of 

elements of the vector k with all Is, which corresponds 

to unshaped noise.
The subscripts of h in Table 2 refers to the index of 

critical band as shown in Table 1. That is, /z0 covers the 

frequency region up to 100 Hz, and 知 covers 100 - 200 

Hz, etc. The excitation levels of the shaped noise are 
calculated using frequency contents of the shaped noise by 
Eq. (8). Fig. 1 아lows the masking thresholds of the 

sinxisoidal signal, excitation levels of the input and the 
shaped noise, respectively. It can be seen that excitation 

levels of the input noise exceed the masking thresholds of 

the sinusoidal signal at most of regions of frequencies 
whereas those of the shaped noise are constrained to the 

masking thresholds, by which the noise is made inaudible.

成) 

으
 s

""-
p

u
n

o
s

------masking thresholds of the sinusoid기 signal 

----- excitation levels 아 the input noise 

------excitation levels of the shaped noise

Figure 1. Masking thresholds and excitation levels. 

It is noticeable that the masking thresholds and the 
excitation levels are spreaded across critical bands by the 

spreading function, and the absolute thresholds decrease 
within the bandwidth of 4 kHz. In addition, the excitation 

levels of input noise increase with frequency, caused by 

summing the powers of the spectral lines of broader 
bandwidth of the critical bands. A cross-check of the 

solution shown in Table 2 with the critical band fre­
quencies of Table 1 and the resulting excitation levels of 

the shaped noise in Fig. 1 reveals that there are no maskers 
up to 400 Hz, and the frequency components of the input 

noise are almost left intact in the frequency regions of 
770-1720 Hz while those in the regions of 400-770 and 
1720-3700 Hz are attenuated as constrained. There are 

some errors in the resulting excitation levels of the shaped 
noise at the frequency regions where the excitation levels 

of the input noise exceed the masking thresholds of the 
sinusoidal signal. These errors are caused by the spreading 

function whose functional shape depends on the sound 
pressure level of the individual masker and by the optimi­
zation process. A constant negative bias can be incorporated 
in the masking threshold in Eq. (10) in consideration of 

these errors or a margin to inaudibility of the noise. This 

test demonstrates that the proposed method shapes the 
input noise such that its excitation level conforms to the 

masking threshold of a ho마 signal.
The above test is performed to demonstrate its appli­

cability using a single frame of the artifici이 signals. As 
a second test, a subway noise is shaped such that the 
distortion of a male speech signal is not perceived with 

the shaped subway noise embedded. In this test, FFT size 
is set equal to the frame size of 256, by which it was 

shown that the temporal aliasing caused by circular con­

volution is negligible[4]. The analysis frames are overlapped 
with adjacent frames by 50 % and the shaped noise is 
obtained by the overlap addition method. In Fig. 2, time 
domain plots of the input speech, the subway noise, the 
shaped subway noise, and the input speech signal with the 
shaped subway noise embedded are shown.

It can be seen that the amplitude of the shaped noise 
changes with that of the input speech signal. This is caused 
by the fact that regions of the input speech signal with
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Figure 2. Waveforms.

(a) Inp니t speech signal, (b) Input s니bway noise, (c) Shaped 

subway noise, (d) Speech signal with the shaped noise embedded

high amplitude provide high levels of the masking 

thresholds, which leads to high amplitude in the shaped 
noise. It seems that regions of silence in the shaped noise 
(Fig. 2 (d)) are noisier than those in the input speech (Fig. 

2 (a)). However, the noises in the silence region are 
permitted by the absolute threshold, mostly because the 

regions in the input speech are almost free of noise. For 
subjective speech quality assessment, the pair comparisons 
between the input speeches and the speeches with the 
shaped noises embedded are given in Table 3. The pair 

comparisons are performed for the male speech sentence 
with the subway noise as in Fig. 2 and an additional female 
speech sentence with the bus noise. In the pair 
comparisons, listeners are played each pair twice and asked 
to choose the version they prefer.
The pair comparisons indicate that both the input speech 

and the speech with the shaped noise embedded are 
perceived as almost identical. The pair comparisons are 

performed with the amplitude of the signals adjusted such 
that their excitation levels and masking thresholds are 
consistent with the corresponding sound pressure levels.

V. Con에니sions

A psychoacoustic model based noise shaping method, 
which shapes noises in the frequency domain such that 
their presence with a host signal are not perceptible, is 
proposed. The inaudible noise level is derived by formulating 
the problem of noise shaping as a constrained optimization, 
by which the excitation levels of the noise result in 
conforming to the masking thresholds of the host signal. 
It is demonstrated with artificially generated signals that 
the proposed method shapes the noise as constrained. Also, 
it is confirmed with pair comparisons that the input speech 
signal and the shaped noise embedded speech signal are 
perceived as almost identical.

The proposed method exploits the simultaneous masking 
property of the human auditory system. It is expected that 
more noise can be embedded if the nonsimultaneous mask­
ing model is incorporated along with the simultaneous 
masking model because the noise allowed mostly by the 
post-masking can be additionally embedded. Other possibility 
fbr embeding more noise is to shape the noise with an 
amplitude comparable to that of the host signal. The 
combination of these possibilities is believed to lead to the 
maximum inaudible noise level that can be embedded in 
the host signal. Therefore, the proposed method is expected 

to be applicable to audio watermarking robust for various 
manipulations and processings on the host audio signals.

Male Speech Sentence with Subway Noise

Table 3. Pair comparisons.

Version Preference (%) Not Sure (%)

Clean Input 5.0 95.0

Clean Input with the Shaped Noise Embedded 0.0

Female Speech Sentence with Bus Noise / /

Version Preference (%) Not Sure (%)
Clean Input 6.5 85.0

Clean Input with the Shaped Noise Embedded 8.5
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