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ABSTRACT 

 

 

 Supervising Professor:  Dr. Issa M. S. Panahi, PhD 

 

 

 

 

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 thesis 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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CHAPTER 1 

INTRODUCTION 

As the importance of information has grown considerably high due to the progress of 

technology, it has also become important to keep the knowledge confidential. Therefore, many 

ways to achieve privacy has been investigated with different approaches. The privacy does not 

only include the meaning of preventing people’s information and speech from leaking out, but it 

also means isolating those who do not want to be disturbed by undesired and interfering speech 

sounds in a working environments. But many of those who are in need of the privacy do not 

appreciate the existing methods due to some system requirements which would need more 

development time and higher cost. At the same time, a place in immediate need of privacy 

requires an affordable and effective system. Speech privacy is also important to those who work 

in highly sensitive environments so that they can stay focused on their tasks. Therefore, the way 

we should design a system to provide and maintain good speech privacy is very important [1].  

To provide speech privacy, sound masking signal is produced and propagated through the target 

area so that the private or confidential speech becomes incomprehensible to other people. 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 [2-6]. The masking sound we generate, 

which is to be called masking noise, should also result in a pleasant sound to the people in the 

targeted area. Hence the masking noise itself should not be uncomfortable to listen but should be 

strong enough to cover the unwanted speech or the irritating sound. Apparently, there exists a 
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trade-off between these two requirements. It can be simply from the loudness of the signal, but it 

can also be from other components composing the sound signal such as timbre, roughness, 

sharpness or tonality. Our proposed method to make the best from this trade-off will be discussed 

later in this thesis. With all these principles and studies in sight, it is hard to have a consistent 

result because the decision must ultimately be made based on human perception. Although the 

exact same signal can be played to listeners, opinions and reactions from the listeners can be 

different. So any speech privacy study and system development should lead to meeting the 

satisfaction of the target listeners as much as possible. For that, knowledge of the human 

psychoacoustics has been used by many researchers.  

There has been numerous studies done for designing sound masking systems, often aimed at 

providing speech privacy. Many of such systems are already being used in practical situations in 

several places such as hospitals, schools and companies. Utilizing the knowledge of human 

psychoacoustic models and auditory perception and learning from the results of experiments 

conducted with normal hearing people can be very beneficial to developing a viable sound 

masking and speech privacy systems.  

In this work, we present an improved method of producing an effective masking signal for 

speech privacy. The experimental result in both subjective and objective test show reliability and 

strength of the new method. By creating this masking signal adaptively, we can choose the 

masker to provide speech privacy in various conditions. Adaptive method means that it can also 

counteract to changes in the noise environment. Many existing sound masking systems have 

often used simple white noise or pink noise. They are not quite able to change their masking 

noise in response to varying surrounding noise. In contrast, the proposed method stays alert to 
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the changes around the system and adopt itself efficiently while keeping the comfort of the 

listeners. 
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CHAPTER 2 

SOUND MASKING 

2.1 History of Sound Masking 

By considering the early history, we can infer that primitive people were aware of the principle 

of masking though they did not want privacy by that time. Considering they had not lived near 

the river or the place with loud noises, we can imagine that the people in that era avoided living 

near the noisy place because that sound would mask the approach of their enemies or predators. 

Although they did not know how masking works with the human auditory system, it seems that 

they at least understood the basic principle of masking! Also, some dentist takes benefit from the 

effect of masking from the early 1940s. They played random sound, or music, to their patients 

through earphones to mask the noise of slow speed drills which is annoying to and often terrifies 

the patients. The very first model of self-contained sound masking system has emerged in the 

1960s. They deployed sound producing electronic system in the open office spaces, which seems 

to have triggered the rapid evolution of sound masking [7-8]. There were only 4 sound sources 

we can select from the first sound masking system. One was white noise and others were sounds 

from the nature. The source for the masking noise has been modified many times since the sound 

masking system has been first introduced [9-10]. Also the target environment and target sound 

are numerous and different due to expanded usage of sound masking. Environments can be either 

of open ceiling or closed ceiling, the direction of the sound masking speaker can face upward or 
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downward, size and composition and even material of the wall should also be taken into 

consideration for a moderate and effective masking functionality [11]. 

2.2 Overview of recent Sound Masking 

The first attempt at sound masking used white noise. White noise was chosen because of its high 

effectiveness in masking other signals. However, through repeated use it soon became clear that 

white noise was not an effective way to mask noise. Because people hear the masking signal 

spread in space, the qualities of pleasantness and masking capability are equally important 

considerations. However, there are pros and cons to each consideration. In Figure 2.1 we can 

easily compare the two distinct qualities. 

 

Figure 2.1 Various kind of colored noises [12] 
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A disadvantage to white noise is its lack of ability to provide aural comfort. Compared with red 

noise, which has lower energy in the higher frequency range, white noise is better for masking 

noise but much less pleasant to the ears. Many sound masking companies today attempt to strike 

a balance between white and red noise. Some companies modify their noise source into a “pink 

noise”. Other companies attempt to filter the output so the user can change the signal for their 

taste, similar to the way an equalizer function works on a sound system.  

The way the emitter and loudspeaker are positioned to generate the masking noise is diverse. 

System settings should be adjusted according to the purpose of the building. The needs of an 

educational institution—primarily, the facilitation of concentration—is starkly different from the 

needs of a rehabilitation hospital, which is primarily rest and calmness. The direction the emitter 

faces and propagates sound will be different in each location. Other factors to consider in 

constructing a sound masking system is whether a building has an open or closed ceiling, and the 

utility of desks and office space. 

2.3 Expected progress of future masking technology 

A masking system that only covers sound has met its final stage. In addition to recent radical 

progress on noise handling technologies such as active noise control or sound absorbing panels, 

we can prospect that another advance could be made. Recently many products have entered the 

market that combines the functions of these technologies. One product cancels snoring sound 

around the nose. Another product—bricks absorb HVAC or other environmental noise. Today, 

noise masking is no longer restricted to an enclosed area.  

Considering that sound masking system has been developed in many ways to deal with open or 

closed spaces, further steps could still be made. For instance, sound masking could be applied in 
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situations where unwanted noise needs to be covered and active noise control can erase extra 

displeasing sounds. 
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CHAPTER 3 

UNDERSTANDINGS OF PSYCHOACOUSTICS 

3.1 Needs for the study of psychoacoustics 

Though signal is an absolute value which does not change, hearing is not a purely mechanical 

phenomenon of wave or vibration delivered over media. It is rather a sensory and perceptual 

event. As a simple example to explain this, when a person listens to something, the signal 

sensation they perceive, regardless of how the signal is maintained, will be as different as the 

number of people who hear. Within the ear, sound is transformed into neural action potentials 

that then travel to the brain where they are perceived. Developing a fundamental understanding 

of this psychoacoustic process could help produce the best sound masking outcome. 

3.2 Auditory Masking 

Auditory masking [13-16] is a phenomenon that occurs when a human perceives two 

simultaneous sounds and one sound is affected by the other. Auditory masking can be 

pigeonholed into two categories. In the frequency domain, auditory masking is known as 

frequency masking [17] or simultaneous masking. In the time domain, auditory masking is called 

temporal masking. For the purposes of this thesis, frequency masking will be used since the 

sound masking system will be operated more than temporarily. Acknowledging that human 

speech contains intelligible content concentrated in the frequency range between 1,000Hz and 
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3,000Hz, revising the same frequency component of the masking signal would help conclude a 

better result. As shown in Figure 2.2, a lower frequency signal tends to show a wider extent in 

masking. 

Four attributes impact psychoacoustic effect in simultaneous masking. These are described in the 

audiograms. First, the signal must have its own critical bandwidth over the general frequency 

range. While the same intensity of a single tone is played, the range of masking differs with 

different frequencies. Second, the signal must consist of a lower frequency. As we stated above, 

human speech has much power concentrated in a lower frequency, somewhere between 1,000Hz 

and 3,000Hz. Therefore a lower frequency signal is more likely to mask compared to a higher 

one. Third, varying intensity levels can also have an effect on masking. The lower slope of a 

masking filter in which single tones form becomes more flat as decibel level increases, whereas 

 

Figure 3.1 Series of masking patterns which is also known as audiograms [18] 
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the higher slope becomes steeper. Both higher and lower slopes broaden as the intensity of the 

input level increases. These observations are illustrated in Figure 3.2. 

Auditory masking requires all four attributes. Engaging in auditory masking without taking into 

account any of these factors could ruin one’s ability to find proper ways of masking, especially 

in the case of a single sinusoidal tone. An actual situation will be more complex. Because the 

signal we are dealing with is a sound, it contains multiple kinds of intensity over various 

frequencies. 

 

Figure 3.2 The effect of intensity on masking [8] 
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3.3 Weber-Fechner Law 

Certain sound can be more easily perceived in a silent environment than in a place with noise. In 

other words, the difference between masking threshold and desired masking level will change 

according to time and environment. With the changing frequency spectrum and the variable 

intensity of the target sound, auditory masking that does not cause discomfort can be 

accomplished with an optimum signal [19]. 

3.4 Sensory Adaptation 

Sensory adaptation explains why and how sound masking can be used in the actual field. It does 

not matter how comfortable the signal is for someone to hear; eventually a continuously exposed 

stimulus will become inconvenient. At this point, the phenomenon called sensory adaptation 

goes into play. To avoid the problems stated above, we need to refine the masking signal to make 

it sound pleasant. Exposure to a masking signal for a long time is not going to introduce another 

inconvenience that requires more sensory adaptation. Neural adaptation or sensory adaptation 

[20] is a change over time in the responsiveness of the sensory system to a constant stimulus.  

The sensitivity of human sensory receptors changes relative to a change in external stimuli. 

When the stimulus, the masking signal, is applied continuously, people can adapt to the sound. 

At that point they will neither detect the masking signal nor take offense to it. However, since a 

significant change of stimulus could abruptly interrupt sensory adaptation, sound must be 

changed gradually. A sound masking system is equipped with an initial ramp-up function. This 

function prevents the system from starting in loud volume. A ramp-up feature will help the 
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listener not recognize the sound masking system is on, thus making it possible to apply 

discontinuous stationary masking noise without arousing discomfort. 

3.5 Zwicker’s Model of Sensory Pleasantness 

It seems impossible to quantify numerically the pleasantness of what humans hear since it is 

already stated that every individual has a different structure of hearing sensation and distinctive 

way of perceiving. However, there is a way to measure the comfort level humans accept 

quantitatively. The model of Sensory Pleasantness was first presented by Dr. Zwicker in 1990 in 

his book, Psychoacoustics [21]. This model allows us to numerically evaluate, compare, and 

measure the abstract concept of how people feel when they hear sound [22]. Zwicker’s equation 

consists of four different parameters, each of which examines the property of sound. The four 

elements of the Sensory Pleasantness model are as follows. 

3.5.1 Loudness 

 𝑁 = ∫ 𝑁′𝑑𝑧
24 𝐵𝑎𝑟𝑘

0

 (1) 

We call the value we need to calculate the total loudness “specific loudness” with the symbol N’. 

Loudness N will be the integral of specific loudness over critical band rate from 0 Bark to 24 

Bark. Figure 3.3 explains the procedure used to compute total loudness [23]. 
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3.5.2 Sharpness 

 𝑆 =
0.11 ∫ 𝑁′𝑔(𝑧)𝑧𝑑𝑧

24 𝐵𝑎𝑟𝑘

0

∫ 𝑁′𝑑𝑧
24 𝐵𝑎𝑟𝑘

0

𝑎𝑐𝑢𝑚 (2) 

In developing a model for sharpness, it is helpful to treat it independent of spectral structure. The 

overall spectral envelope is the factor that decides sharpness. In Figure 3.4, it is shown that 

sharpness increases as the frequency and critical band-rate goes up. But it is not follow linearity. 

Also in Figure 3.5 is the weighting factor g(z), which varies based on conditions. 

 

Figure 3.3 Developing total loudness out of specific loudness. The area of hatched region 

corresponds to the total loudness. [21] 
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Figure 3.4 Sharpness of narrow-band noise as a function of center frequency of band pass noise 

with an upper cut-off frequency of and a lower cut-off frequency of 0.2 kHz [21] 

 

Figure 3.5 Weighting factor for sharpness as a function of critical-band rate [21] 
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3.5.3 Roughness 

 𝑅 =
0.3𝑓𝑚𝑜𝑑

𝑘𝐻𝑧
∫

∆𝐿𝐸(𝑧)𝑑𝑧

𝑑𝐵
𝐵𝑎𝑟𝑘

24 𝐵𝑎𝑟𝑘

0

𝑎𝑠𝑝𝑒𝑟 (3) 

In Figure 3.6 roughness relies on modulation frequency. 

 R~fmod∆𝐿 (4) 

∆𝐿 stands for the masking depth. Roughness should be computed over the critical bands. 

 R~fmod ∫ ∆𝐿𝐸(𝑧)𝑑𝑧
24𝐵𝑎𝑟𝑘

0

 (5) 

Using the boundary condition that a 1 kHz tone at 60 dB and 100%, 70 Hz amplitude-modulated 

produces the roughness of 1 asper, we get the model for roughness R which can be used to 

calculate the roughness for any sound. 

 

Figure 3.6 Relative roughness with different modulation frequency Solid line stands for the 

values measured subjectively and dotted line is the result out of calculation. [21] 
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3.5.4  Pleasantness 

 𝑃 = 𝑒−0.7𝑅𝑒−1.08𝑆(1.24 − 𝑒−2.43𝑇)𝑒−(0.023𝑁)2 (6) 

Whether a sound is perceived as pleasant or unpleasant depends on the relationship of the 

listener to the sound. It can be measured subjectively as well as with the physical parameters of 

the specific sound [24]. Ignoring these non-acoustic influences, we develop a model of sensory 

pleasantness based on the relation between the characteristics of the human hearing system on 

the one hand and the physical parameters of sound on the other [25]. Sensation sharpness, 

roughness, tonality and loudness of human beings can be approximated based on the equation 

developed above. Starting with the sensation of loudness, it is possible to get a close value for 

actual loudness. Other sharpness and roughness can also be computed based on that. The 

sensation of tonality is not able to be estimated with an equation in a numerical manner. 

Therefore it should be approximated through subjective measurement. The model of Sensory 

Pleasantness enables direct comparison among various masking noise candidates to determine 

which sounds are more comfortable [26]. Unfortunately, for now the model can be applied only 

to stationary signals. Masking signals combined with background music or other nonstationary 

masking signals are not able to be measured with the equation. 
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CHAPTER 4 

PROPOSED METHOD TO GENERATE IMPROVED MASKING NOISE 

4.1 Appropriate SPL for better sound masking 

Sound pressure level (SPL) is a function of sound, distance, direction, and source signal 

characteristics. The SPLs of different sounds can be observed from Table 4.1. Each SPL has a 

different duration. It is known that the average SPL of conversation among humans is in a range 

between 40 dB to 60 dB. The sound masking product already on the market registers an SPL that 

does not exceed 50 dB. 

Some may be concerned that the way multiple sound mixes with ambient noise, environmental 

noise and masking noise, If we assume the background noise is 60 dB at most and even if the 

masking noise is over 50 dB, the summation of multiple noises does not yield 110 dB but 80. So 

it is not unprecedented to consider this problem in building a sound masking system. Though 

SPL satisfies the required level of appropriate masking noise, there are still a few more things 

that need to be considered. For example, the spectral envelope has a direct relation with the 

actual feeling of how the sound will be felt to people. This relationship needs to be developed 

according to external standards of efficiency and effectiveness. 

 

 



18 

 

Table 4.1 Typical noise level chart 

SPL 

(dBA) 
Type of source sound 

120 Whistle at 1 m distance, test run of a jet at 15 m distance 

 

Threshold of pain, above this fast-acting hearing damage in short action is possible 

110 

Siren at 10 m distance, frequent sound level in discotheques and close to loudspeakers at 

rock concerts, violin close to the ear of an orchestra musicians (greatest level) 

100 Frequent level with music via head phones, jack hammer at 10 m distance 

90 Angle grinder outside at 1 m distance 

 

Over a duration of 40 hours a week hearing damage is possible 

80 

Very loud traffic noise of passing lorries at 7.5 m distance, high traffic on an expressway 

at 25 m distance 

70 Level close to a main road by day, quiet hair dryer at 1 m distance to ear 

65 Bad risk of heart circulation disease at constant impact is possible 

60 Noisy lawn mower at 10 m distance 

55 Low volume of radio or TV at 1 m distance, noisy vacuum cleaner at 10 m distance 

50 Refrigerator at 1 m distance, bird twitter outside at 15 m distance 

45 Noise of normal living; talking, or radio in the background 

40 Distraction when learning or concentration is possible 

35 Very quiet room fan at low speed at 1 m distance 

25 Sound of breathing at 1 m distance 

0 Auditory threshold 
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Table 4.2 Permissible exposure time to the sound due to Sound Pressure Level 

 Sound Pressure Level   Sound pressure   Permissible Exposure Time  

115 dB 11.2 Pa 0.46875 minutes (~30 sec) 

112 dB 7.96 Pa 0.9375 minutes (~1 min) 

109 dB 5.64 Pa 1.875 minutes (< 2 min) 

106 dB 3.99 Pa 3.75 minutes (< 4 min) 

103 dB 2.83 Pa 7.5 minutes 

100 dB 2.00 Pa 15 minutes 

97 dB 1.42 Pa 30 minutes 

94 dB 1.00 Pa 1 hour 

91 dB 0.71 Pa 2 hours 

88 dB 0.50 Pa 4 hours 

85 dB 0.36 Pa 8 hours 

82 dB 0.25 Pa 16 hours 

4.2 Linear Predictive Coding 

Using the knowledge of psychoacoustics and psychophysics, it is possible to create a new 

masking signal. Research has demonstrated up to this point that early attempts at sound masking 

used white noise or pink noise for their masking noise. However, those signals are inadequate. 

When it comes to reality, the feelings of the listeners and their privacy should also be taken into 

consideration. 
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Our proposed method can cover all the problems that need to be addressed. Since its spectrum is 

almost the same as the original target spectrum, masking efficiency will outdo the utility of the 

previous colored noise (white noise or pink noise). If the pink or white noise is used, there shall 

be some specific frequency zone that the masking noise covers in relationship to the distance 

between the frequency and signal. As long as the frequency spectrum duplicates the target 

spectrum, masking leaves no room for a leaking point. Discomfort in hearing can be also reduced 

since this method doesn’t yield useless frequency which could cause disturbances. Linear 

Predictive Coding (LPC) uses the autocorrelation method of autoregressive modeling to find 

coefficients of the filter [27]. The autocorrelation method data assumes that signal samples 

beyond the size of x are 0. LPC calculates the least square solution to 

 Xa = b (7) 

Where 

 X =

[
 
 
 
 
 
 
𝑥(1)
𝑥(2)

⋮
𝑥(𝑚)

0
⋮
0

0
𝑥(1)
𝑥(2)

⋮
𝑥(𝑚)

⋱
⋯

⋯
⋱
⋱
⋱
⋱
⋱
0

0
⋮
0

𝑥(1)
𝑥(2)

⋮
𝑥(𝑚)]

 
 
 
 
 
 

, 𝑎 = [

1
𝑎(2)

⋮
𝑎(𝑝 + 1)

] , 𝑏 = [

1
0
⋮
0

] (8) 

When m is the size of the x, we solve the least square via normal equation method. 

 XH𝑋𝑎 = 𝑋𝐻𝑏 (9) 

Then we get to the Yule-Walker equation. 

 [

𝑟(1)
𝑟(2)

⋮
𝑟(𝑝)

𝑟(2)∗

𝑟(1)
⋱
⋯

⋯
⋱
⋱

𝑟(2)

𝑟(𝑝)∗

⋮
𝑟(2)∗

𝑟(1)

] [

𝑎(2)
𝑎(3)

⋮
𝑎(𝑝 + 1)

] = [

−𝑟(2)
−𝑟(3)

⋮
−𝑟(𝑝 + 1)

] (10) 

Where 
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 r = [𝑟(1) 𝑟(2)…𝑟(𝑝 + 1)] (11) 

is an estimate of the autocorrelation needed to compute cross-correlation. The Yule-Walker 

equation can be solved with the Levinson-Durbin algorithm. Once the coefficients successfully 

from the signal, we now have coefficients to make a filter which refines original source signal 

into the white signal as described in Figure 4.1. 

Our proposed method was to come up with a new process that inverts this method. Unlike 

converting source signals into white noise, white noise is our desired signal. The whitening filter 

that we have from LPC is 

 A(z) = ∑(akz
−k)

p

k=0

 (12) 

Given that this filter is finite impulse response (FIR), this equation can be reverted to get a 

reciprocal of the filter. 

 H(z) =
1

A(z)
 (13) 

The reciprocal filter of the original will do the exact opposite of the original. 

 

Figure 4.1 Finite Impulse Response whitening filter that pre-whitenes given input signal into 

whitened output 
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If the signal from the same white noise is recovered, there could be a chance to get the original 

signal, which contains many speech components and factors that may disrupt listeners. In the 

sound masking system, white noise is made from the processing unit by generating random 

numbers. It is expressed as w(n)′ in Figure 4.2 and is different from the white noise regarding 

w(n) the original filter. Though the spectral envelope is almost the same, because white noise 

includes the same magnitude over all frequencies, the phase of the white noise is totally different 

between w(n) and w(n)′. As we looking into the power spectrum of the two signal x(n) in 

Figure 4.3 and 𝑥̂(𝑛) in Figure 4.4, it is almost hard to discern the difference between the signals 

given that the order of the filter is over 50. 

 

 

Figure 4.2 Inverse of the whitening filter which generates new masking signal out of any given 

white noise to be used for reproducing our proposed method. 
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Figure 4.3 Frequency spectrum of the babble noise 

 

Figure 4.4 Frequency spectrum of the masking noise generated from proposed method 
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Seeing that the result shows no considerable contrast between lower order and higher order, the 

order of the filter does not need to go beyond 100. Though higher order could yield a more 

refined structure of the signal, the reason to avoid more order is because the system is designed 

to run adaptively in real time. If the masking noise is heard, there still remains a point to be fixed 

or improved. In Chapter 5 introduces a couple of processes to improve the performance of the 

system. 
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CHAPTER 5 

PROCESS TO IMPROVE PERFORMANCE 

5.1 A-Weighting Filter 

The critical frequency range differs from the property of speech. The vowel sound is delivered 

predominantly in the frequency of 250Hz to 500Hz while a consonant is delivered in the 

frequency of 2,000Hz to 4,000Hz. Sensitivity with regard to frequency is represented on the 

equal-loudness contour and speech intelligibility index as shown in the Figures below. The A-

weighting filter enhances the specific frequencies that have speech components. Its original 

purpose was to shape the perception of the way humans feel noise. By adapting this filter to the 

proposed masking signal, the speech-containing frequency range can be emphasized. 
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The equal-loudness contour [29] is a measure of sound pressure in dB SPL over frequencies. The 

loudness level is measured with the unit of phon. Each contour has a different form or shape due 

to its various phons. It has recently been revised with the progress of telecommunication and is 

shown in the Figure 5.1. From analyzing the graph, it is evident that the human auditory system 

is most sensitive to sound occurring within the 2 kHz to 5 kHz frequencies. In addition, subjects 

perceived the same degree of loudness at the 3 kHz tone with minimum sound pressure.  

 

 

Figure 5.1 Equal loudness contour. 
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Table 5.1 Weighting dB values with 1/3 octave band center frequency 

1/3 Octave Band Center Frequency 

(Hz) 

A-Weighting dB 

(dB) 

160 -13.4 

200 -10.9 

250 -8.6 

315 -6.6 

400 -4.8 

500 -3.2 

630 -1.9 

800 -0.8 

1000 0 

1250 0.6 

1600 1 

2000 1.2 

2500 1.3 

3150 1.2 

4000 1 

5000 0.5 

6300 -0.1 

8000 -1.1 

10000 -2.5 
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WA = 10𝐿𝑜𝑔 [
1.562339𝑓4

(𝑓2 + 107.652652)(𝑓2 + 737.862232)
]

+ 10𝐿𝑜𝑔 [
2.242881 × 1016𝑓4

(𝑓2 + 20.5989972)2(𝑓2 + 12194.222)2
]  

(14) 

Where WA is weighting value to be applied in dB and f is frequency in Hz.  

 

Figure 5.2 A-Weighting values varies with frequency. 
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An A-weighting filter [30] is based on the equal-loudness contour of 40 phon. The shape of A-

weighting filters is close to that of inverse contour for 40-phon equal-loudness graph. The figures 

below show how A-weighting filters can modify the signal [31-32]. For original equal-loudness 

contour and A-weighting filter, the graph is explained in a logarithmic rather than linear scale. 

Figure 5.4 is the proposed masking signal from Chapter 4. Figure 5.5 is the signal to which has 

been applied the A-weighting filter of Figure 5.4. This figure shows that the filter enhances 

frequency around 2 kHz to 5 kHz while suppressing other frequencies. 

 

 

Figure 5.3 Inverse of equal-loudness contour and A-weighting function. 
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Figure 5.4 Original proposed masking noise 

 

Figure 5.5 A-weighting filter applied masking noise 
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Masking capability is greatly enhanced when it is characterized by the same sound pressure level. 

How to estimate and assure the performance of this criterion will be the topic in Chapter 6. 

5.2 Moving Average Filter 

The outcome of the first proposed masking noise was good masking proficiency. Listening to the 

very first signal out of the LPC yielded a sound that was comprised of little crackling sounds. 

This crackling sound causes an unpleasant experience for listeners. The crackling sound was a 

phenomenon that resulted from a discontinuity in amplitude with neighboring signal samples. 

Simply a sudden change of signal can affect a signal’s pleasantness. This discontinuity was 

eliminated by adding another filter called the Moving Averaging Filter [33]. 

 𝑌(𝑖) =
1

2𝑁 + 1
(𝑦(𝑖 + 𝑁) + 𝑦(𝑖 + 𝑁 − 1) + ⋯+ 𝑦(𝑖 − 𝑁)) (15) 

N is the number of neighboring data points and is called span. This filter smooths the signal by 

replacing each data point with the average of its adjacent ones. According to Figure 5.6, the filter 

induces an abnormal form of spectrum in the output signal. An analysis of the equation in the 

frequency domain will easily explain why. 

 H[f] =
sin(𝜋𝑓(2𝑁 + 1))

(2𝑁 + 1)𝑠𝑖𝑛(𝜋𝑓)
 (16) 

Figure 5.7 shows the frequency response of the given filter. 
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The large span may destroy the intended frequency spectrum of masking noise. N=5 is the ideal 

number to make the best of both pleasantness and masking capability. In an actual hearing, this 

process could possibly remove all of the crackling sounds. At last, Figure 5.7 is the final output 

signal through a moving average filter with proposed masking noise. 

 

 

Figure 5.6 Frequency response of the moving average filter with different span length. 



33 

 

5.3 Multiband Equalizer 

Sensational preference differs from gender, age and other numerous reasons. The proposed 

method could result in a better response than the previous one. But it is impossible to make the 

best signal satisfying everyone who hears. By adapting equalizer [34-36] onto the signal that we 

make, we can allow users to manipulate the sounds so that they can change it for their own favor. 

In this process, we also consider that human perception in hearing differs from each frequency. 

Dividing frequency into 20 different frequency segments 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 because 1/3 octave band resembles most closely to a human auditory system. On 

each frequency bin, we add the gain function so we can alter the frequency range which we want 

to make a change. 

 

Figure 5.7 Masking noise with moving average filter. 
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Figure 5.8 Block diagram for Multiband filter equalizer. 
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CHAPTER 6 

EXPERIMENTAL RESULT 

6.1 Criteria to Estimate the Performance 

There are many criteria for deciding whether the sound masking system performs well or poor 

with regard to human perception preferences. Two of the most common criteria are masking 

capability and aural pleasantness. Masking capability measures how much of the unwanted noise 

has been covered or made unintelligible with the masking signal. Aural pleasantness is applied to 

human subjects. As discussed earlier, there is a trade-off between capability and pleasantness, 

because one directly affects the other. This chapter will examine and verify how the proposed 

signal can be made most effective in light of this trade-off. 

6.1.1 Masking Capability 

This system’s primary goal was to add specific noise to the environment, make other ambient 

noise, and eliminate unwanted speech. For that reason the value of the masking system depends 

on its masking level and efficiency. The speech intelligibility index (SII) [37-38] has been 

widely used as a means for estimating speech intelligibility under additive stationary noise 

condition. The coherence and speech intelligibility index that is referenced in this thesis—which 

includes peak and center clipping distortion and coherence between the input and output signals 

enables us to examine the effect of noise and distortion in intelligibility. This procedure produces 
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the signal’s coherence SII in three separate regions: low, mid, and high level. Also, this 

procedure estimates the total intelligibility from a weighted combination of these three SII values. 

CSII value will be used as an objective test method to give quantitatively expressed way of 

measuring intelligibility. Following is the equation from which CSII value can be calculated. 

 𝐶𝑆𝐼𝐼 =
∑ 𝑊(𝑘) × 𝑆𝑁𝑅𝐶𝑆𝐼𝐼 𝑓𝑖𝑛𝑎𝑙(𝑘)𝐾=23

𝑘=1

∑ 𝑊(𝑘)𝐾=23
𝑘=1

 (17) 

To test this equation in realistic cases we will adopt this signal to people in an actual field 

situation. Subjects will be 20 normal hearing people under the constant power of masking signals. 

Speech samples are from IEEE corpus and all sentences are clearly understandable. Test rule 

follows the standard mean opinion score (MOS) in all cases. 

Table 6.1 Mean Opinion Score rating scheme for measuring masking capability 

MOS Quality Intelligibility 

5 Excellent Fully understand the speech 

4 Good Understand most of the speech 

3 Fair Understand half of the speech 

2 Poor Hard to understand the speech 

1 Bad Barely understood 

 

The goal of the field test is to make the target speech not understandable. So the MOS score for 

intelligibility should be lower for a good performing signal. The test will ask 20 people to listen 

to the proposed masking noise and score how much they understand the original speech with and 
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without the additive masking signal. An average from these 20 people will be compared to see 

which signal works better in an aspect of masking. 

6.1.2 Pleasantness 

In spite of the effect from sensory adaptation in human hearing sensation, when a sound feels 

disturbing the usability will drop down drastically. As long as the masking capability is 

guaranteed, the sound should be as pleasant to the ear as possible. This criterion is adopted as 

one of the most important standards in determining performance. This test again follows the 

MOS test scheme for subjective tests to examine pleasantness for those who listen. For this 

factor, high test score indicates better performance. 

Table 6.2 Mean Opinion Score rating scheme for measuring pleasantness 

MOS Quality Perceptibility 

5 Excellent Perceptible without annoyance 

4 Good Perceptible but slightly annoying 

3 Fair Little annoying but perceptible 

2 Poor Annoying and barely perceptible 

1 Bad Very annoying 

 

Other than the subjective test, another criterion is needed to yield constant results regardless of 

experimental conditions. To accomplish this criterion, the objective test from Zwicker’s model of 

sensory pleasantness from Chapter 3 will be used. The model consists of four different 

characteristics of sound. These characteristics will provide us with an objective standard from 

which to pick the best outcome among masking noise candidates.  
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6.2 Test Setup 

To verify the performance of the proposed method, we will conduct a subjective test and 

objective test. We will compare the proposed method with white noise, pink noise and formerly 

used masking products. Through speakers installed in the ceiling, masking noise will be played 

and another loudspeaker will play human speech. Equipment position is explained in Figure 6.1. 

Human speech will be understood perfectly in the silence. Subjects will score whether the 

masking noise is pleasant and speech under the masking noise is intelligible. Scoring procedure 

will follow the Mean Opinion Score (MOS) measurement. A subjective test will be done for 20 

normal-hearing people. To show the result in a quantitative way we will use an objective 

measuring process as well as two criteria, intelligibility and pleasantness. Coherence and the 

Speech Intelligibility Index (CSII) and Zwicker’s sensory pleasantness model will be used in the 

tests. 
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Figure 6.1 Abstract diagram for the test set up. 

   

Figure 6.2 Actual test set up photo of loudspeakers for playing masking noise and speech. 
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6.3 Subjective Test Result 

 

A subjective test will be done with 20 normal-hearing people. Random sentences of 3 to 5 

seconds from long speeches will be played through one loudspeaker and another loudspeaker 

located in the ceiling will emit different kinds of masking noises. The masking signals that will 

be compared with the proposed noise are white noise and pink noise. These two signals have 

been used from the early stage of the masking system. The other two signals will be the noise 

source from widely used masking system products. In this test, the direction of the speaker will 

be facing downward directly to the listeners.  

 

Figure 6.3 Subjective test result. 
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6.4 Objective Test Result 

 

To verify the masking capability and pleasantness of different masking signal candidates, we will 

also conduct an objective test. For this test, CSII and Zwicker’s pleasantness model will be used. 

The test code is developed in MATLAB code. The accordance between objective test and 

subjective test method will also be tested. As we can see in Figure 6.4 both test result shows 

linearity between these two test methods. This result guarantees the credibility of the objective 

tests. 

 

Figure 6.4 Objective test result. 
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Figure 6.5 The accordance between objective and subjective test results 
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6.5 Effect of Improving Processes 

With these test methods, we will be able to verify the two filter processes used with the proposed 

masking noise 𝑥̂(𝑛). CSII and Zwicker’s pleasantness model will be used respectively for A-

weighting filter and Moving average filter. 

6.6 Effects of loudspeaker’s directivity  

For the masking system used in the field, the directivity and composition of the speaker is one of 

the main factors deciding the sound’s characteristic. We will carry on an experiment to validate 

the consequence of directivity or direction of the loudspeaker. And we will also test the effect of 

the ceiling. Direct field method in which loudspeakers are facing downward directly to the 

listeners will have no effect from the ceiling. In an indirect field method, masking noise emitters 

are located up on the ceiling and facing upward. The sound will be propagated from the speaker 

    

Figure 6.6 Objective test result to verify the improvements. 
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to the space above the ceiling and then go back to the room so characteristic of the sound is 

modified. 

Table 6.3 Comparison between the directivity of loudspeaker 

Direct Field Indirect Field 

  

 

We will maintain all conditions constant other than the direction of a loudspeaker. White noise 

will coming from the emitter to clearly distinguish the effect of the ceiling. 

 

 

    

Figure 6.7 Frequency spectrum through direct field method. 
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From comparing Figure 6.6 and Figure 6.7, when the loudspeaker emits sound in an indirect field 

it is affected by the ceiling. Most of the power in higher frequency is attenuated and energy is 

lost. When the indirect field method is used, we will have to take that knowledge into 

consideration and do another process in order to guarantee an effective result. 

 

    

Figure 6.8 Frequency spectrum through indirect field method. 
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CHAPTER 7 

CONCLUSION AND FUTURE WORK 

7.1 Conclusion 

Coming up with a new way of generating a signal to be used for masking unwanted speech and 

other noises is essential to helping contribute to an environment marked by better privacy and 

less distraction. The benefits of the proposed signal are that it can be used as an environmental 

sound and utilized as input. It is essential to adaptively generate the most appropriate masking 

signal to cover the ambient noise with better efficiency. Also, it is important to adopt two more 

filters to enhance the performance of the two important criteria of capacity and pleasantness. To 

enhance results, other objective deciding factors will be considered in a numerical way. Other 

than the masking noise itself, how the directivity of the loudspeaker could affect the outcome 

will also be analyzed. 

7.2 Future Work 

Sound masking is a comparably old fashioned way of dealing with sound. With active noise 

control, many other products are emerging and progressing rapidly such as sound absorbing 

brick and noise canceling machine for small spaces [39-41]. Also, the human ear perceives most 

sensitively high volume and high pitch sounds. If these sounds even in a small amount could be 

removed, sound masking won’t necessarily have to be that high energy. As this lower energy 
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form of masking occurs, discomfort will be decreased while pleasantness and easiness increases. 

Along with the progress of these noise related techniques, this experiment could also open other 

various ways and possible collaborations with other masking systems. 
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