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ABSTRACT
Many sound masking products for the purpose of achieving speech privacy have emerged on the
market in recent years. Over the time, quality of the masking noise has been improved a lot and still is
studied for a better method. This paper introduces a new way of generating masking noise which
outperforms the commonly used methods. Using Adaptive Linear Predictive Coding (LPC) we can
derive the model for various target sound and create a new masking signal which has exactly the same
spectral envelope of the target sound and different phase. Two important aspects in evaluating the
performance quality of the masking noise are masking capability and pleasantness. By testing these
criteria in objective and subjective ways, we show superior performance of the proposed adaptive
method in comparison with several existing techniques.
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1. INTRODUCTION
As the importance of information has grown considerably due to the progress of technology, it has
also become important to keep those knowledge confidential. Therefore, many ways to achieve
privacy has been investigated in different approaches. But most of them is not appropriate for the
places where is in need of privacy immediately and cost effective at the same time, for they need a few
requirements which will take more time and money than given. In other cases, it is significant for those
who work in highly sensitive condition to stay focused on their tasks. Sound masking is an up to date
breakthrough to solve all these issues above. By adding unstructured sound to where the privacy is
needed, we can cover the structured human speech which we want to mask and make it unintelligible.
We can settle problems above once we eliminate the comprehensible human speech which will distract
people from concentration or unwanted leakage of information. There has been long years of studies
done for sound masking and already used in practical situations in several places such as hospitals,
schools and companies. Using combined knowledge of psychoacoustic in human aud itory perception
and experiment conducted with normal hearing people, we came up with an improved way of
producing masking signal effectively. Furthermore by creating this masking signal adaptively on a
regular basis in time period, we can choose the masker to provide the best privacy in every condition.

2. PSYCHOACOUSTICS
2.1 Auditory Masking
Phenomenon occurring when there are two sounds existing to human at the same time and one is
affected by the other sound(1). It can be classified into two terms. Auditory masking in the frequency
domain is known as frequency masking or simultaneous masking while it is called temporal masking in
the time domain. We are using frequency masking to mask since the sound masking system will be
constantly operated more than temporarily. We also need to understand the characteristic of human
auditory perception to maximize the efficiency of masking effect. Knowing that human speech
contains intelligible content concentrated in frequency range between 1,000Hz and 3,000Hz. Revise
the same frequency component of the masking signal would help concluding better result. As shown in
(Fig. 1), lower frequency signal tends to show wider extent to be masked.
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Fig. 1 Different masking patterns among various frequencies(2)
2.2 Weber-Fechner Law
Acknowledging Weber’s law(3), certain sound can be more easily understood in silent environment
than in the place with noise. In other words masking threshold to achieve desired masking level will
change along with the time and environment. With changing frequency spectrum and power o f the
target sound, we can accomplish masking with the optimum signal which yields auditory masking
while does not cause discomfort to the subjects.
2.3 Sensory Adaptation
Though we accomplish the unwanted speech unintelligible to the listeners, it is worse if the
masking signal is more disturbing. To avoid the problems stated above, we need to refine the masking
signal to make it sounds pleasant. Exposure to masking signal in a long time is not going to introduce
another uneasiness to people based on the sensory adaptation(4). The sensitivity of human sensory
receptors is changing relatively to the change of external stimuli. When the stimuli, masking signal, is
applied continuously then people will adapted to the sound and neither detect the masking signal nor
feel offense to it. Sudden change of stimuli in large amount could not trigger the sensory adaptation
therefore we required to change the sound gradually. Sound masking system is equipped with the
initial ramp-up function. This function will prevent the system from starting in loud volume suddenly
so that the listener would not feel the system is on.
2.4 Zwicker’s Model of Sensory Pleasantness
There is a way to measure how much comfort human accept quantitatively in hearing. Model of
Sensory Pleasantness was first presented by Dr. Zwicker in 1990 from his book, Psychoacoustics (5).
Equation of the model consisted of four different parameters each examining the property of sound.
Loudness
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Pleasantness
𝑃 = 𝑒 −0.7𝑅 𝑒 −1.08𝑆 (1.24 − 𝑒 −2.43𝑇 )𝑒 −(0.023𝑁)

2

(4)

This model can be applied only onto stationary signals. Masking signal combined with Back
Ground Music or other nonstationary masking signals can not be measured with the equation.

3. METHOD
3.1 Linear Predictive Coding
From the knowledge we have acquired in psychoacoustics, we can consider what factors we should
focus on to create new masking signal. Research of sound masking up to this point has used white
noise or pink noise for their masking noise. However in practical, those signals are inadequate to be
used though it shows great level of masking quality. Our original goal was to achieve privacy for those
who need it but when it comes to reality, comfort should be taken into consideration as well as with
privacy since it is applied to human subjects. Even though it guarantees good privacy if it is hard to
listen to long times, it is difficult to be used in real life. Our proposed method meets all the
requirements stated above. Since its spectrum is almost as same as original target spectrum, masking
efficiency will outdoes than previous colored noise such as white noise or pink noise. Discomfort in
hearing can be also reduced since this method does not yield useless frequency which can cause
disturbance to whom hears.

(a)

(b)
Fig. 2 Equation used for Linear Prediction Coding
Coefficients of a forward linear predictor(6) can be determined from the equation (5).
𝑝
𝐴(𝑧) = ∑𝑘=0(𝑎𝑘 𝑧 −𝑘 )

(5)

Whitening Filter 𝐴(𝑧) has order of 𝑝. From the LPC yields coefficients 𝑎𝑘 of whitening filter which
make the original signal 𝑥(𝑛) into white noise 𝑤(𝑛).

𝐻(𝑧) =

1
𝐴(𝑧)

(6)

With the white noise that we can generate from the sound masking system, we can generate masking
noise in real time by applying the inverse whitening filter Eq. (6). Strength of the outcome from this
filter is that its power spectrum follows almost the same as the original signal 𝑥(𝑛). Furthermore, the
phase has been modified during the filtering process so there remains no understandable speech
component in it. Comparison of the power spectrum between two signals is shown in (Fig. 3).
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Fig. 3 Comparison between the original babble noise and proposed masking signal
3.2 A-Weighting Filter
Considering the process for human to recognize the speech, there exists limited frequency range
which determines whether it is possible to comprehend or not. The critical frequency range differs
from the property of speech. Vowel sound is delivered predominantly in the frequency of 250Hz to
500Hz and consonant is delivered in 2,000Hz to 4,000Hz. The sensitivity with regard to the frequency
is represented on the equal-loudness contour(7) and Speech intelligibility index with regard to
different frequency as shown in (Fig. 4) and (Fig. 5)(8). A-weighting filter(9) is made out of the data to
enhance the specific frequencies which will have speech components. By adapting this filter to our
proposed masking signal, we can emphasize the speech containing frequency range while suppressing
other parts which will cause unwanted noise or disturbance to the listeners.
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Fig. 4 Speech Intelligibility varies with frequency
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Fig. 5 Inverse of equal-loudness contour and A-weighting function
3.3 Moving Average Filter
The outcome of the original proposed masking noise has good masking proficiency. But the first
product of the process includes little crackling sound in it which make listeners unpleasant. We can
eliminate the problem with adding another filter called Moving Averaging Filter(6)(10).
𝑌(𝑖) =

1
2𝑁+1

(𝑦(𝑖 + 𝑁) + 𝑦(𝑖 + 𝑁 − 1) + ⋯ + 𝑦(𝑖 − 𝑁))
(7)
𝑁 ∶ 𝑁𝑢𝑚𝑏𝑒𝑟 𝑜𝑓 𝑛𝑒𝑖𝑔ℎ𝑏𝑜𝑟𝑖𝑛𝑔 𝑑𝑎𝑡𝑎 𝑝𝑜𝑖𝑛𝑡𝑠

Basically this filter smooth the signal by replacing each data point with the average of its adjacent
ones. Crackling sound is originated from the discontinuity of the signal and by having average with
neighboring signals, we can remove disjoint in the continuous signal. From the reason that this filter
works as low pass filter, large span may destroy intended frequency spectrum of masking noise. 𝑁 = 5
is the ideal number to make the best of both pleasantness and masking capability.
3.4 Multiband Equalizer
Sensational preference differs from gender, age and other numerous characteristics. The proposed
method could result in better response than the previous ones but it is impossible to make the best
signal satisfying everyone who hears. By adapting equalizer onto the signal that we make, we can
allow users to manipulate the sounds so that they can change with their own tast e. In this process we
also consider that human perception in hearing differs from each frequency. Dividing frequency into
20 different frequency not in linear scale but in logarithmic scale, non -uniformity among frequency
can be adjusted. We use 1/3 octave bands to compose frequency bins. On each frequency bin we add
gain function so we can alter the frequency range which we want to make change.
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Fig. 6 Multiband filter equalizer

4. Test Setup
To verify the performance of proposed method, we conducted subjective test and objective test. We
compare proposed method with white noise, pink noise and formerly used masking products. Signal A
and Signal B in the results refers to state of the art respectively. Through speakers installed in the
ceiling, masking noise will be played and other loudspeaker will play the human speech. Human
speech can be understood in silence and subjects will score whether the masking noise is pleasant and
speech under masking noise is intelligible. Scoring procedure is following Mean Opinion Score
(MOS) measurement. Subjective test is done for 11 normal hearing people. To show the result in
quantitative way we also use objective measuring process in two criteria, intelligib ility and
pleasantness. Coherence and the Speech Intelligibility Index (CSII) and Zwicker’s sensory
pleasantness model is used in the tests.

Fig. 7 Test set up for subjective test and objective test
4.1 Objective Test Result
Since the purpose of masking is to lower the intelligibility of unwanted speech from outside, lower
intelligibility indicates higher performance. In the opposite the sound should be feel comfortable for
the subject, pleasantness should be higher.
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Fig. 8 Objective result for A-weighting filter and Moving Average Filter processed signals
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Fig. 10 Relation between the subjective and objective test results

5. Conclusion
A new algorithm generating signal to be used for masking unwanted speech and other noises was
proposed in the paper which would contribute to achieve better privacy and less distraction. By adding
two more filters after the process, we can promote better masking capability and comfort in hearing.
The result compared to the previous methods shows proposed method is more helpful in practical
usage.
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