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Effect of adding artificial reverberation to speech-like masking sound

Yusuke Hioka∗, Jen W. Tang∗, Jacky Wan∗

Department of Mechanical Engineering, University of Auckland, Auckland 1142 New Zealand

Abstract

Time-reversed speech has been known to effectively mask information for speech privacy applications. However, the
annoyance and distraction caused by the time-reversed speech-like masking sound is higher than other masking sound.
This study investigates the effects of adding artificial reverberation to the time-reversed speech. Subjective listening
tests have been conducted to measure the intelligibility of target speech, annoyance and distraction caused by the
masking sound. The experimental results suggest that adding artificial reverberation to a speech-like masking sound
has a significant effect to reduce the annoyance level while maintaining the masking effectiveness of the original
masking sound. A trend was also observed that the addition of artificial reverberation could reduce the level of
distraction caused by the masking sound.
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1. Introduction

Problems arising from the acoustical privacy point of
view [1] in public spaces have been known to be an
issue, especially in highly populated cities where peo-
ple are inevitably sharing limited spaces with one an-
other. Due to the lack of acoustical privacy has been
known to affect the human’s health both physically and
psychologically [2], keeping the acoustical privacy in
public spaces will significantly reduce social loss. In-
stalling physical structures that reduce the energy of
sound reaching the unintended listeners, e.g. installing
partition boards or walls that acoustically separate the
space of the unintended listeners, may solve the prob-
lem. However, installing such structures is often practi-
cally infeasible due to space constraint and is also detri-
mental in spaces where their openness is sought such as
open plan offices.

Masking is the most commonly used technique to
make a target speech unintelligible to the unintended lis-
teners without needing to install any physical structures
[3, 4, 5, 6, 7, 8, 9, 10]. This is achieved by projecting a
jammer sound (the masking sound) into the area where
the unintended listeners are located. Since the early
days of sound masking systems, an extensive range of
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masking sound have been used and studied for their ef-
fectiveness in reducing the intelligibility of the target
speech. The commonly used masking sounds today are
stationary noise (e.g. white noise, pink noise, HVAC
(Heating, Ventilating, and Air Conditioning) system’s
noise [6]) and natural sound (e.g. rain noise, river noise,
babble noise). Although these masking sounds, espe-
cially with natural sounds, have been said to help boost
human emotions and improving cognitive abilities [11],
these sounds are only effective enough to render speech
unintelligible when the volume of the target speech is
below a certain threshold (i.e. very low target-to-masker
ratio (TMR)). Research has therefore been ongoing into
finding a more efficient masking sound such as speech-
like signals, which is also known as informational mask-
ing [12].

One of the known effective speech-like masking
sound is the processed-target speech [3, 4, 13, 14]. Due
to the similar spectral envelope between the masking
sound and the target speech, the processed-target speech
use as a masking sound will degrade the intelligibility
of the target speech more efficiently. A mixture of this
signal and a stationary noise has also been studied [6].
Some studies have reported [4, 13, 14] that using time-
reversed signal of the target speech is more efficient in
reducing speech intelligibility. However, the study [14]
also concluded that the time-reversed speech causes an-
noyance and distraction to listeners in return for its ef-

Preprint submitted to Applied Acoustics July 4, 2016



ficiency. Hence the design of another masking sound
which maintains its masking efficiency while minimis-
ing the annoyance and distraction to listeners has been
still an open problem.

This study explores a solution to compromise the
suggested problem by adding a reverberant effect to
a speech-like masking sound. According to the dis-
cussion in [14] the distraction and annoyance may be
caused by two facts; one is the intelligibility and an-
other is the variability of intensity of the masking sound.
It can be hypothesised that the distraction and annoy-
ance may be mitigated by reducing these two aspects
in the masking sound by applying signal processing.
Generally, reverberation is known to be detrimental
to speech intelligibility [15, 16]. Although the time-
reversed speech itself has already lost its original con-
text of the speech, it still sounds like a speech and
draws an attention of listeners. The proposed approach
aims to make the masking sound less attractive by re-
ducing the intelligibility of the sound by adding rever-
beration. Meanwhile, from signal processing point of
view, adding reverberation is equivalent to convolving
an impulse response of a reverberant room to the origi-
nal masking sound. Since such room impulse response
often plays a role as a low-pass or band-pass filters, the
pulsive part (i.e. signal components in high frequency)
of masking sound will be removed which would also
contribute to mitigate the negative effects of the speech-
like masking sound. This study investigates the effect of
adding artificial reverberation to the speech-like mask-
ing sound by measuring the intelligibility, distraction
and annoyance through subjective hearing tests.

The rest of this paper is organised as follows. Section
2 discusses the signal processing method to develop the
masking sound to which the artificial reverberation is
added. Methodologies for the subjective listening tests
to measure the key three aspects of the proposed mask-
ing sound are introduced in Section 3, which is followed
by their results and discussion in Section 4. Finally the
paper is concluded with some remarks in Section 5.

2. Design of reverberant masking sound

Figure 1 shows the process to generate the masking
sound with reverberation, the details of which will be
discussed in this section.

2.1. Time-reversed speech as masking sound

Over the years, many research focusing on the ef-
fect of the speech-like signals have been conducted to
find an effective masking sound. From these research
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Figure 1: Masking sound generation process.
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Figure 2: Generation of time-reversed speech [4].

findings thus far, the masking sound using the time-
reversed speech has been concluded to be one of the
most effective speech-like masking sound in terms of
reducing speech intelligibility level but is also deemed
to be distracting and annoying to the listeners [4]. This
study also employs a time-reversed speech as the seed
of masking sound and investigates the effect of adding
reverberation to the masking sound to overcome the dis-
traction and annoyance problems while maintaining its
core speech masking effectiveness.

To generate a time-reversed speech the procedure
presented in [4] is followed. An original speech file is
first replicated into two identical streams; in which the
first stream is split into frames of 160 ms long, while
the second stream is split into frames of 160 ms after
the first 80 ms of the speech signal. Once completed,
these 160 ms frames of both sound streams are reversed
and are then randomly swapped against one another in
each of the streams. Finally, both streams are added to-
gether to form a complete time-reversed speech signal.
The procedure is illustrated in Fig. 2.

2.2. Implementation of artificial reverberation

In order to add reverberation effect to the mask-
ing sound, an artificially generated room impulse re-
sponse is convolved with the time-reversed speech. The
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methodology employed to produce such a room im-
pulse response (RIR) is the image source method (ISM)
[17], which has been employed in various researches
in acoustical signal processing to simulate the RIR of
a shoebox room. The improved algorithm of the ISM
by Lehmann et al. [18], which is available via an open-
source Matlab code, is deployed in this study. A speech-
like masking sound with a room reverberation effect em-
bedded is then generated by

y(t) = h(t) ∗ s(t), (1)

where ∗ denotes convolution and h(t) and s(t) are the
signals of the generated RIR and an arbitrary time-
reversed speech, respectively.

2.3. Reverberation intensity
To change the intensity of the reverberation effect

added onto the masking sound, different sets of RIRs
have to be implemented to the same signal. A key
scope of this study is to observe how much reverbera-
tion added to speech-like maskers can affect the over-
all speech intelligibility of the target speech caused by
the masking sound while maintaining a low distraction
and annoyance level. The RIRs are generated according
to the amount of reverberation to be added to a mask-
ing sound measured by the direct-to-reverberation ratio
(DRR) [19]. In this study, the DRR is defined by

DRR [dB] = 10 log10

 ∑td+t0
t=td−t0 |h (t) |2∑td−t0

t=0 |h(t)|2 +
∑∞

t=td+t0 |h (t) |2


(2)

where td is the time instance when the direct signal ar-
rives. t0 is set to 8 ms according to [20].

In the ISM, a RIR is specified by the following pa-
rameters: i) dimension of the room, ii) source position,
iii) receiver position, and iv) the reflection coefficient
of walls, ceiling and floor, all of which affect the DRR
of the generated RIR. Out of these parameters in this
study, the reflection coefficient is varied while all the
other parameters are set to fixed values in order to gen-
erate a RIR with a specified DRR. For simplicity the
same reflection coefficient is assumed for every wall,
ceiling and floor.

3. Methodology for listening tests

3.1. Stimuli
A speech in the database of Harvard sentences [21]

was randomly selected and utilised for the target speech
to be masked by the masking sound as well as for the

seed speech to generate the reverberant masking sound.
The Harvard sentences consist of phonetically balanced
sentences that use specific phonemes in the same fre-
quency seen in the English language.

In total, seven different masking sounds were tested
in the experiment, which included four time-reversed
masking sounds with reverberation of various DRRs
and three existing masking sound for comparison. The
selected DRRs for generating the reverberant time re-
versed masking sound were 6, 0, −6, and −8 dB whose
corresponding reverberation times [22] are summarised
in Table 1. Initially, both DRRs of −12 dB and −10 dB
were also considered as part of the DRR subsets. How-
ever, both these DRRs were omitted due to their high
reflection coefficients produced an unnatural standing
wave-like effect, which was found to affect the annoy-
ance in a preliminary testing. The other parameters for
the ISM to simulate the RIRs are summarised in Table
2.

For the existing masking sounds, the original (i.e.
non-reverberant) time reversed speech (t-rev), pink
noise (pink) and their mixture (mix) were employed.
The energy ratio of the pink noise to the time reversed
speech to generate the mixture (mix) was ranging from
3.2 to 3.7 (i.e. 5.1 – 5.7 dB). All masking sounds ex-
cept the pink noise were generated from exactly the
same sentence selected as the target speech. All of these
masking sounds were normalised by their power in or-
der to keep the target-masker ratio (TMR) at the lis-
tener’s position consistent. This was made possible by
having an audio file in stereo, where one track contains
the masking sound and another track contains the tar-
get speech, which allows both tracks to play at the same
time but at different loudspeakers. Due to the time con-
straint that each listener can spend on the listening test,
only 0 dB was chosen for the TMR as it has shown rea-
sonable speech masking effects in a previous study [14].
The sampling rate of the audio files was 16 kHz.

3.2. Testing environment

The testing was conducted in the Listening Room at
the University of Auckland Acoustics Laboratory [23],
the general layout of which is shown in Figure 3. This
section summarises the acoustics and device setup in the
listening room.

3.2.1. Acoustics
The original reverberation time T60 [22] of this listen-

ing room was initially measured to range between 0.5
to 0.7 s [23] at the frequency between 100 and 1 kHz
where ordinary speech energy is dominant. Because this

3



Table 1: List of masking sound used in the experiment

ID Masking sound DRR T60 (ms)
Reverb 6 6 dB 80 ms
Reverb 0 time reversed 0 dB 310 ms
Reverb -6 speech with −6 dB 500 ms
Reverb -8 reverberation −8 dB 880ms
t-rev time reversed ∞ 0 ms

speech
pink pink noise N/A N/A

time reversed
mix speech N/A N/A

+ pink noise

Table 2: Parameters used for the ISM

Room dimension (m) (8.0, 6.0, 3.0)
Source position (m) (1.5, 1.0, 1.5)
Receiver position (m) (7.0, 5.5, 1.5)

study investigates the effect of adding reverberation to
a masking sound, ideally no reverberation originating
from the acoustics of the testing environment should be
added to the sound heard by the listeners. An anechoic
chamber would meet this requirement. However, some
feedback from preliminary testing conducted in an ane-
choic chamber pointed the unusual environment of an
anechoic chamber, affecting listeners psychologically in
terms of distraction and annoyance. Thus attempt was
made to further reduce the reverberation in the listening
room by introducing soft foams being attached to the
walls of the listening room. The final reverberation time
of this room was thus, measured to be approximately 0.3
s and the DRR measured at the listner’s position with re-
spect to the position of the target speech was about 7.3
dB. The level of ambient noise in the listening room was
18 dB(A).

3.2.2. Device setup
The device setup for this study is analogous to the

configuration that has been used to conduct a similar
test for sound masking system [24], as shown in Figure
4. The idea of this configuration is to simulate a working
environment such as that of an open plan office.

Two loudspeakers were located in front of the lis-
tener’s seat, one being 2.5 m away for projecting the
masking sound (front loudspeaker) and another being
3.5 m away for projecting the target speech (back loud-
speaker) to the listener. The height of the back loud-
speaker was higher than that of the front loudspeaker to
avoid the front loudspeaker blocking the path of sound

Loudspeaker 
for target speech

Loudspeaker 
for masking sound

Listener’s 
position

Screen & 
keyboard

5.5 m

5.6 m

2.9 m

8.3 m

Figure 3: Configuration of the listening room.

Target Speech

Masking Sound

1.3 m
1.04 m 1.0 m

2.5 m
3.5 m

PC Screen
Listener

Figure 4: Position of loudspeakers and listener.

propagating from the back loudspeaker to the listener.
It is important that both loudspeakers were calibrated

so that the target-to-masker ratio (TMR) was set to 0 dB,
i.e. both loudspeakers to play a normalised sound at the
same volume. To calibrate the loudspeakers, the volume
of the back loudspeaker was initially adjusted to project
a normalised speech file at the level of 58 dB(A) at 1.0
m away, i.e. front loudspeaker’s position, since standard
average speech has been scientifically proven to range
between 55 to 60 dB(A) at a distance of 1.0 m [25]. The
sound level at the listener’s seat is then measured which
was 52 dB(A). To ensure the TMR of 0 dB, the volume
of the front loudspeaker was hence calibrated to have
the same sound level of 52 dB(A) at the listener’s seat.

As shown in Figures 3 and 4, a computer screen, a
wireless keyboard, and a track pad were placed on a
desk in front of the listener’s seat. These devices were
used for the listeners to enter their answers for the tests
through graphical user interfaces (GUI) on the screen
an example of which is shown in Fig. 5. The computer
to which these devices were connected was placed out-
side the listening room to avoid the noise generated by
the computer to be emanated into the listening room. A
stereo sound file, which contains the normalised mask-
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Figure 5: Example screen of the GUI used in the intelligibility mea-
surement test.

ing sound and target speech on a different track, was
played by this computer and was controlled by the GUI.

3.2.3. Participants
A group of 18 adult participants were tested, ranging

from 20 to 25 years old and consisted of 13 males and 5
females. The participants were recruited from students
at the University of Auckland, New Zealand. Based
on their self-report, 9 were native and another 9 were
bilingual speakers of English; with all of them having a
normal hearing ability. The same listeners were tested
throughout the three tests stated in Section 3.

3.3. Intelligibility measurement test

The testing method for measuring the intelligibility
was developed based on the method used in [10], where
the listeners were required to write down the whole sen-
tence of the target speech while the masking sound was
also played. The order of masked sentences and the
speech masking algorithms to be used in the test was
the same for all listeners.

To conduct the intelligibility test, a GUI was created,
to allow the control of presenting the masked sentences
and also to take in the answers the listeners provided af-
terwards. When the start button on the GUI was pressed,
a target speech and masking sound were played simul-
taneously. Afterwards the listener had 30 s to type in
their answer on a blank space provided on the GUI. Af-
ter submitting their answer, the listener could press a
submit button before the 30 s elapsed. To move on to
the next sentence the listener pressed the start button.

A total of 21 Harvard Sentences were used to test for
speech intelligibility level, with three different Harvard
Sentences used for each of the seven speech masking
sound. A list of Harvard Sentences used in the test is
included in the Appendix. To process the intelligibil-
ity score for each Harvard Sentence with its respective

masking sound, each correct word in a sentence was
given one mark. Should the word attempted by listen-
ers be of a similar phoneme to that of the correct word,
e.g. “wide” and “white”, half a mark was given instead.
The total marks attained were then compared against the
total number of words in the respective Harvard Sen-
tence to obtain its final score in percentage. Each Har-
vard Sentence contained a range of about 7 to 10 words,
an average of 8 words in most cases. A high score in
this case indicates a high intelligibility level i.e. speech
masking sound is less effective in keeping speech pri-
vacy.

The listeners were allowed to try 3 example sentences
beforehand, different to the sentences used in the formal
test, to familiarise themselves with the GUI and the test-
ing conditions.

3.4. Distraction measurement test

A cognitive test was conducted to measure the de-
gree of distraction caused by masking sound. For this
study, a memory test was selected to measure the dis-
traction level because short-term memory is a simple
process that almost anyone can perform without prob-
lems, and can easily change or fix the difficulty of the
test by increasing the number of elements to memorise.
The memory test has also been used in previous studies
to measure the distraction level [14, 26], although not
exactly the same as the one selected in this study.

The memory test presents the listener with 9 single
digit integers ranging between 1 to 9 for 15 s, that they
have to memorise in correct order, and type out the an-
swer within 30 s. The 9 numbers are all randomly gener-
ated by a computer program, but the questions are con-
sistent for all listeners. The numbers were presented in
their numeric formats, not in words. In this test only the
masking sound was presented thus the listeners evalu-
ated the distraction caused by the masking sound itself
rather than speech intelligibility as with the previous
test.

Since it was found that short-term memory of humans
was between 5 and 9 elements (averaging at 7 elements)
[27], it was decided that the focus was intended towards
the difficult-end of 9 elements. The choice of 15 s was
decided by conducting a series of preliminary tests with-
out masking sounds, to determine the absolute mini-
mum time on average that listeners require to memorise
all 9 numbers correctly. This means that if the masking
sound were to have an influence in the listener’s concen-
tration, it should lower their scores for the memory test,
allowing a good comparison of which masking sound is
the least distracting.
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Each speech masking sound was tested with 3 mem-
ory questions, in total 21 memory questions for each
listener. Each listener’s score was marked out of 9, with
one mark given for each correct number, and the per-
centage of correct answers was evaluated.

Although the algorithm for masking sound design
(described in Section 2) remains the same, the under-
lying Harvard Sentences used to create the masking
sounds are different from the ones used in the intelligi-
bility test. The length of the masking sound for this test
should be at least 15 s long in total whereas the masking
sounds used in the intelligibility test were only 3 to 4 s
long, which was the same length as the original Harvard
Sentences used as the target speech. Based on feedback
from preliminary tests it would be quite distracting and
annoying if the same masking sound repeats, therefore
several Harvard Sentences were concatenated to create
a 15 s long masking sound to be used in the memory
test.

Due to the fact that no target speech was played in this
test, the back loudspeaker was not used, while the front
loudspeaker played the masking sounds. The order of
the masking sound presented in this test was randomised
but the order was kept consistent for all listeners.

3.5. Annoyance measurement test

The final test of this study measured the listener’s
opinions about the level of annoyance caused by each
masking sound through the use of the visual analogue
scale (VAS) [28].

For the purposes of this research, the term annoyance
was defined as “the varying degree of opinions on the
level of discomfort the listeners are experiencing while
not performing work”. To summarise, the “distraction
level” is different to the “annoyance level” where it is
based on the listeners’ personal opinion on the masking
sounds when they are not working, but in a more relaxed
state, whereas the “distraction level” measures how the
masking sounds affect the listeners’ concentration when
they are working.

Listeners were required to evaluate seven different
masking sounds by giving a score out of 100, with 100
being the “least annoying” and 0 being the “most an-
noying”. For each masking sound, there were three sets
for the listener to evaluate, meaning there were 21 files
of masking sound to rate in total. The order of mask-
ing sound presented was randomised for each test set.
Within the seven different masking sounds the listeners
were allowed to listen to them multiple times.

In order to minimise skewing of data, the listen-
ers were carefully advised to select the least annoying
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after applying the Bonferroni correction.

Figure 6: Results of intelligibility measurment test.

sound and give it a score of 100, then to select the most
annoying sound and give it a score of 0, with the five
remaining sound files to be rated against their least an-
noying sound. In essence, this provides data about the
listener’s opinion as to which sound was the least annoy-
ing and by how much, out of the seven sounds provided
to them.

4. Results and discussion

4.1. Intelligibility measurement test
Figure 6 shows the distribution of the scores for the

intelligibility test represented by a box plot. In the box
plot red lines show the median of overall scores while
the bottom and top edges of boxes are the first and third
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quartiles, respectively. The whiskers show the 1.5 in-
terquartile range. mix and t-rev showed the highest ef-
fectiveness while the pink was the least effective mask-
ing sound in terms of reducing the intelligibility of the
target speech, which agrees with the results reported in
previous studies [4].

For the proposed reverberant masking sound, a gen-
eral trend can be observed that the intelligibility of the
target speech is slightly improved (i.e. the masking ef-
fect was slightly reduced) by increasing the reverber-
ation intensity. Although increasing reverberation in-
tensity reduces the effectiveness of the masking effect,
this does not indicate that the masking sound has lost
its speech masking ability. The intelligibility scores
for the reverberant masking sound with high reverber-
ation intensity are still typically low (median of approx-
imately 20%) compared to pink with much higher aver-
age scores (median of approximately 80%). By compar-
ing the scores between the reverberant masking sound
with different intensity of reverberation added, there is a
relatively large gap between Reverb 0 and Reverb -6

whereas the difference is marginal between other pairs.

Figure 6(b) shows the p-values of the Wilcoxon
signed rank test [29] conducted to compare the differ-
ences of the medians across the seven different mask-
ing sounds. With the significance level α = 0.05 (5
%) after applying the Bonferroni correction [30], it can
be said that pink shows a significantly high intelligibil-
ity score compared to the other masking sounds all of
which are generated from a speech-like masking sound.
This indicates that pink noise, which is still widely used
commercially, is less effective for reducing intelligi-
bility of target speech. On the other hand, the result
also shows significant differences between t-rev and
the proposed reverberant masking sound with various
DRRs except Reverb 0. This means only Reverb 0

among the proposed masking sound with various DRRs
achieves the effect close to that realised by t-rev. It
should also be remarked that only Reverb 0 shows
a different trend compared to the reverberant masking
sound with the other DRRs; there is no significant dif-
ferences among Reverb 6, Reverb -6 and Reverb -8

whereas Reverb 0 shows a significant difference from
those other reverberant masking sounds. These facts, in
conjunction with the findings from Fig. 6, indicate that
among the proposed reverberant masking sound with
various DRRs, Reverb 0 seems to be the most effective
masking sound to reduce intelligibility.

In summary the proposed reverberant masking sound
is still quite effective in masking speeches, keeping a
low speech intelligibility level.
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pink mix t-rev
Reverb_x

6 0 -6 -8
pi

nk 55.095 0.911 15.238 29.921 3.946 17.792

m
ix 2.224 55.036 90.812 24.620 50.667

t-r
ev 8.516 1.224 24.705 12.443

Re
ve

rb
_x

6 48.109 55.337 81.089

0 25.114 44.397

-6 91.286

(b) p-values (%) of the Wilcoxon signed rank test for distraction
scores. None of the pairs of masking sounds, the null hypothesis of
which is rejected by 5% significance level after applying the Bon-
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Figure 7: Results of distraction measurement test.

4.2. Distraction measurement test

Figure 7 shows the percentage of correct answers out
of 9 numbers from the memory test, which means a high
score indicates that the masking sound is less distract-
ing.

Referring to Figure 7(a), it shows that the medians
across all masking sounds ranges between 80% and
95% of correct numbers out of 9, or equivalently, listen-
ers have medians ranging from 7 to 9 correct numbers
across all masking sounds. The high medians across all
listeners indicate that the memory test may have been
too simple, considering that an average person’s short-
term memory already falls within the range of 7 ± 2 el-
ements [27]. This experimental method suggests that
the masking sounds would have to be exceptionally dis-
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tracting to cause the listeners to only remember signif-
icantly less numbers outside of the short-term memory
range.

Figure 7(b) shows the p-values of the Wilcoxon
signed rank test conducted to compare the differences of
the medians across the seven different masking sounds.
With the significance level α = 0.05 (5 %) after apply-
ing the Bonferroni correction, the result indicates that
no specific masking sounds are significantly distracting
the listeners from memorising 9 numbers in order. The
results for the memory test does not provide statistically
sufficient proof which masking sounds distract the lis-
teners more. This would have been influenced by the
design of the memory test that requires the memorisa-
tion of only 9 numbers. However, in fact, a trend can be
still seen across the masking sounds where pink, mix,
and Reverb 0 have the highest medians verses the most
distracting sound of t-rev. It is believed that a better
design of a distraction test with a larger scale of results
can provide better insight and proof into the reliability
of this trend.

4.3. Annoyance measurement test
For the annoyance test the scores across three mask-

ing sounds generated from different sentences are av-
eraged for each type of masking sound, then analysed
statistically across all listeners. The results from this
analysis is provided in Figure 8, with the scores out of
100 being the least annoying sound based on the listen-
ers’ opinions.

Figure 8(a) shows the median of the reverberant
sounds to be higher than that of mix and t-rev, while
still lower than pink. However it can also be seen that
pink appears to have mixed results as some listeners be-
lieved it to be the most annoying sound in some cases.

Figure 8(b) shows p-values of the Wilcoxon signed
rank test conducted to compare the differences of the
medians across the seven different masking sounds. In
the result, with the significance level α = 0.05 (5
%) after applying the Bonferroni correction, pink is
significantly less annoying compared to mix, t-rev

and Reverb 6. The proposed reverberant masking
sounds are also significantly less annoying than the mix
and t-rev regardless of the intensity of reverberation
added, indicating that addition of reverberation proves
effective in reducing the annoyance. Conversely, among
the proposed masking sounds, there is no significant
difference from each other. Overall these observations
show that the proposed reverberant masking sounds can
reduce the level of annoyance, which may reach the
level close to that of the pink noise that is providing
minimal annoyance.

pink mix t-rev
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(a) Boxplot showing the distribution of annoyance scores.
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(b) p-values (%) of the Wilcoxon signed rank test for annoyance
scores. Values with red boldface show the pairs of masking sounds
the null hypothesis of which is rejected by 5% significance level
after applying the Bonferroni correction.

Figure 8: Results of annoyance measurement test.

4.4. Most effective masking sound

By looking into the results across the three listening
tests a few conclusions can be drawn.

Firstly, the results clearly show that adding reverber-
ation to speech-like masking sound has an effect to mit-
igate the annoyance of the masking sound while main-
taining its masking effect at sufficient level. This sup-
ports the hypothesis that reverberation plays a role as a
filter that removes the pulsive components in the wave-
form of conventional speech-like masking sound caus-
ing annoyance while the major spectral components of
the masking sound that contribute to mask target speech
are kept.

Secondly, by comparing different intensities of rever-
beration added to the masking sound, of those several
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DRRs chosen in the listening test, the DRR of 0 dB is
the best, compromising the trade-off between the mask-
ing effect (intelligibility) and detrimental psychological
effect (annoyance). In other words, the appropriate in-
tensity of reverberation added to get the most effective
performance would be the same energy as that of the
original masking sound.

Finally, the distraction caused by masking sound may
be slightly eased by adding reverberation to the mask-
ing sound. Unfortunately, the distraction test designed
in this study could not show a statistically significant
difference in the level of distraction between different
masking sound. However, by looking at the trend ob-
served in the study, it is still likely that reverberation
would have a positive effect to reduce the distraction
level. Further studies need to be conducted by using
different testing methodology to measure the distraction
for proving this.

5. Conclusion

In this study, effect of adding reverberation to mask-
ing sound has been investigated. The study stood on
a hypothesis that adding reverberation to a speech-like
masking sound would mitigate the distraction and an-
noyance caused by the masking sound while keeping
its effectiveness to reduce the intelligibility of a target
speech to be masked. Artificial room impulse responses
with different intensity of reverberation were simulated
by the image source method which was then convolved
with a time-reversed speech to generate a reverberant
speech-like masking sound. The performance of the de-
signed masking sound was tested by subjective listening
tests examining the suggested three different aspects,
namely intelligibility, distraction and annoyance. The
time-reversed speech, which has been reported as the
most effective masking sound to reduce the intelligibil-
ity of target speech, was selected as the seed of the pro-
posed masking sound. The experimental results proved
that adding reverberation had an effect to reduce the
annoyance caused by the masking sound while main-
taining its performance to hide the information in target
speech.

A further study is required to investigate the effect of
different TMR. It would also be worthwhile to study the
effect of reverberation using room impulse responses
measured in an actual reverberant room. The findings
from this study also imply that the reverberation has
some effect to mitigate the annoyance caused by speech-
like masking sound. Since reverberation can be deemed
as a filter from signal processing point of view, more
detailed study on pursuing the optimal design of filter

that provides the more effective but less annoying and
distracting masking sound would be needed.
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Appendix A. List of Harvard Sentences

In the listening test following sentences included in
the Harvard sentences were used for the target speech as
well as the seed speech to generate the masking sound.

1. The sky that morning was clear and bright blue.
2. The boss ran the show with a watchful eye.
3. Take the winding path to reach the lake.
4. The streets are narrow and full of sharp turns.
5. The idea is to sew both edges straight.
6. They sang the same tune at each party.
7. The shelves were bare of both jam or crackers.
8. Crouch before you jump or miss the mark.
9. The fish twisted and turned on the bent hook.

10. A smatter of French is worse than none.
11. Either mud or dust are found at all times.
12. Torn scraps littered the stone floor.
13. The sense of smell is better than that of touch.
14. It was a bad error on the part of the new judge.
15. A six comes up more often than a ten.
16. The couch cover and hall drapes were blue.
17. Drop the ashes on the worn old rug.
18. The beam dropped down on the workmen’s head.
19. It matters not if he reads these words or those.
20. What joy there is in living.
21. Watch the log float in the wide river.
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