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Abstract—While a certain sound serves a purpose to someone,
the same sound could be noise to others. Specifically, an alarm
sound could be necessary for someone to wake up and start the
day, but it could be an unwanted sound for people sharing the
same room who need not wake up as early. Noise cancellation
is useful in this scenario, but most existing techniques require
costly equipments (e.g., high quality speakers or microphones)
or devices that are uncomfortable to wear during sleep. We thus
explore the possibility of using only commodity smartphones to
achieve active noise control and present Virtual Earplugs. As
most people own a smartphone that includes a microphone and
speakers, and has an alarm clock feature, we believe our system
could be easily deployed and used in practice. We highlight the
technical challenges in realizing our vision and demonstrate the
feasibility of our approach using our preliminary prototype. Our
results indicate that Virtual Earplugs reduces the alarm sound
by up to 19 dB in only 2.1 seconds of processing delay.

I. I NTRODUCTION
Many people live in an environment where they share a
room with other people during sleep. It could be a couple
sharing a bed, roommates in a dorm room, or parents with
an infant. There are occasions where not all members in the
room need to wake at the same time. When the alarm buzzes
for the earliest riser, other people in the room also hear the
alarm and unnecessarily (and annoyingly) wake up. For them,
the alarm sound is noise.
Noise cancellation (or control) is a technology that dates
back to 1936 [1]. Traditional noise cancellation approaches include Passive Noise Control (PNC) [2] that attenuates the noise
by sound-isolating materials, such as earplugs, sound barrier,
etc. Another approach is Active Noise Control (ANC) [3]
that cancels the noise by generating the opposite sound
(the same magnitude but the inverted phase) of the noise.
The most widely used ANC algorithms are Least Mean
Square (LMS) [4] and Filtered-x LMS (FxLMS) [5]. These
methods have been applied in noise-cancelling headsets [6],
snoring noise reduction [7], etc. Recent noise cancelling
products combine ANC and PNC to maximize the noise
cancellation effect [8], [9].
Despite the efforts on noise cancellation, applying existing
methods to cancel the unwanted alarm sound has several
practical difficulties. First, most available noise cancelling
products come in a wearable form [8]–[10]. These wearable
devices require additional cost, and are uncomfortable to wear
during sleep. Second, adopting traditional ANC algorithms
(e.g., LMS and FxLMS) requires low audio latency (submillisecond) [11], thus must utilize specialized hardware.
In order to build an unwanted alarm cancellation system that
could be widely deployed, we ask the question, can we control

the noise by using only commodity smartphones? To this
end, we present Virtual Earplugs. Unlike existing solutions,
Virtual Earplugs require no wearable devices. Virtual Earplugs
leverage the ANC principles to cancel the alarm sound and
mitigate the audio latency problem in smartphones. Virtual
Earplugs cancel the alarm sound in the following steps: in the
offline stage, (i) the alarmer sends the time of the alarm to the
canceller when the user sets the alarm before going to bed,
and then (ii) the canceller analyzes the acoustic environment
by generating the alarm sound. During the online stage, when
the alarm sound is generated by the alarmer, (iii) the canceller
finds the nearest volume and (iv) the canceller generates the
optimal cancelling sound.
We built the Virtual Earplugs prototype using commodity
smartphones (Nexus 5X and Samsung Galaxy S7), and evaluated the performance and feasibility: how much decibel (dB)
is reduced from the original alarm sound. We measured the
cancelled zone (i.e., reduced dB around the alarm canceller)
created by Virtual Earplugs in three different environments.
Our main contributions are summarized as follows:
∙

∙

∙

We design Virtual Earplugs, that reduce the dB of the unwanted alarm sound using only commodity smartphones
without wearable devices.
We identify practical challenges in realizing Virtual
Earplugs when utilizing ANC in smartphones, such as
the audio latency problem.
We implement Virtual Earplugs to examine the feasibility
and evaluate the performance in various acoustic environments. We measure the cancellation processing delay,
the size of the cancelled area, and the amount of noise
reduction in those areas.

The rest of the paper is organized as follows. Section II
provides the background knowledge in noise control and
challenges of performing noise control with smartphones. Section III presents the design and algorithms of Virtual Earplugs,
and Section IV details the implementation of the system. The
system is evaluated in Section V. Section VII presents the
related work, and Section VI discusses the limitations of the
current system and future directions. Finally, Section VIII
concludes the paper.
II. BACKGROUND & C HALLENGES
We overview the basic noise control methods and explain
the principles of the appropriate method for smartphones. We
then discuss the challenges in achieving noise cancellation
using only smartphones.
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Fig. 1. An interference example when two identical acoustic waves meet.

A. Background
Noise Cancellation: There are two main noise control methods: passive noise control (PNC) [2] and active noise control
(ANC) [3]. PNC controls acoustic noise by isolating the
noise source with noise-isolating materials, such as barriers,
enclosures, sound-absorbing tiles, or a muffler to attenuate the
unwanted noise. ANC on the other hand, controls acoustic
noise by generating the exact opposite sound (i.e., the same
amplitude but inverted phase) of the unwanted sound. While
PNC requires aforementioned sound-isolating materials, ANC
requires a microphone (mic) and a speaker to obtain the
information of the unwanted sound and generate the opposite
sound (cancelling sound). Given that most smartphones have
built-in mic and speaker that we can leverage, ANC is our
preferred method.
ANC Principles: When two identical acoustic waves meet,
two types of interference occur: constructive interference and
destructive interference, as illustrated in Figure 1. The two
types of interference appear alternatively when the phase
difference of the two sound sources is a multiple of 𝜋; the
constructive interference occurs when the phase difference
is an even multiple of 𝜋, while the destructive interference
happens when the phase difference is an odd multiple of
𝜋. The original sound becomes louder near the constructive
interference, and quieter near the destructive interference.
ANC leverages destructive interference to cancel the unwanted
sound. Note that the distance between the constructive and
destructive interference depends on the wavelength of the
sound source. The wavelength 𝜆 of the sound is determined
by the frequency 𝑓 of the sound:
𝜆=

𝑣
𝑓

where 𝑣 is the speed of sound (340 m/s). Higher frequency
makes shorter distance between the two interference types and
lower frequency makes longer distance. Thus, the silent zone
created by the destructive interference is inversely proportional
to the frequency of the sound. If the frequency of the noise is
high, the silent zone is small; if low, the zone is large. ANC is
usually applied to the sound source with the frequency lower
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Fig. 2. Android audio round-trip latency measurement on three different
models.

than 500 Hz [3], so that the silent zone can cover the distance
between the ears and the eardrums.
B. Challenges
We identify three key challenges the traditional ANC algorithms face in a smartphone environment.
Audio Latency: Audio latency is the time taken for an audio
signal to pass through a system. Since we build our system on
Android, we consider audio latency in Android, mainly caused
by the audio buffer. Android typically has three audio latency
components: (i) audio output latency, (ii) audio input latency,
and (iii) warm up latency [12]. Audio output latency is the
time interval between the generation of an audio sample by
a system and the actual playback through the speaker. Audio
input latency is the time between receiving an audio sample
through the mic and the available state of the audio in a system.
Note that we refer round-trip latency as the sum of the audio
input/output latency. Warm up latency is the time taken to
wake up the audio pipeline when first playing the audio. These
audio latency depends on smartphone models and Android
versions, and thus is difficult to estimate [13].
We measured the round-trip audio latency using the Zoiper
Audio Latency Benchmark application [14]. The app generates
an audio sample, listens to that sample, and calculates the time
between them. We used three different smartphone models
(Nexus 5X, Nexus 6P and Galaxy S7) to evaluate the latency
and variance, as shown in Figure 2. The Android version was
6.0.1 in all models. All three models show around 200 msec
round-trip latency, with the largest variance of 9.4 msec. We
can see that Android round-trip audio latency is quite high and
unpredictable, even with the same smartphone model and OS.
Popular ANC algorithms such as LMS [4] and FxLMS [5]
are feedback based algorithms that mimic the desired filter to
cancel the noise by calculating the least mean square error.
Therefore, adopting those algorithms entails audio round-trip
latency and warmup latency. However, these Android audio
latency cannot be tolerable in ANC systems as these systems
are highly sensitive to any latency. Traditional ANC systems
are thus usually designed with special hardware with low
latency (sub-millisecond) [11].
Multipath: Unlike other signal processing domains that must
recover the original signal from multipath interference, sound
cancellation requires all sound signal, including those propagated through multipath, must be cancelled. In other words,
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Fig. 3. Virtual Earplugs design overview.
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an ANC system must not only cancel the unwanted sound
propagated through the direct path, but also all the remaining
sound propagated through multipath. Moreover, this multipath
chaotically affects the cancellation pattern (Figure 1). Thus,
typical room environment with multipath would be challenging
for ANC systems.
No Wearables: Most available noise cancellation products in
the market come with some form of wearable components [8]–
[10], for both PNC and ANC. Noise cancellation is most
effective with wearables, as PNC requires a noise-isolating
material and ANC has a very small noise-cancelled zone.
Wearable devices however require additional cost and are often
uncomfortable to sleep with. Without wearable devices, ANC
becomes even more challenging due to the distance between
the canceller and the noise source, and also the unpredictable
acoustic environment.
III. V IRTUAL E ARPLUGS
A. Design Overview
Our goal is to cancel unwanted alarm sound using smartphones and without any wearable device, by leveraging the
ANC principles. Virtual Earplugs target a scenario where the
alarmer generates an alarm sound and the canceller creates the
optimal cancelling sound by analyzing the dB of the original
sound through its mic. The one who must wake up has the
alarmer nearby while the one who does not want to wake up
at that time has the canceller nearby.
As discussed in Section II-B, directly adopting traditional
ANC algorithms is impractical due to the Android audio
latency. Moreover, the required iteration of the traditional
algorithms depends on the prerequisite parameters (e.g., the
step size or initial value of LMS), whose optimal values
are dependent on the environment [15]. Instead of using the
traditional algorithms, we thus design our own cancelling
algorithm that (i) does not highly depend on the Android audio
latency and (ii) finds the cancelling sound in a short time.
When the alarm sound is sampled and digitized through
a mic in the system, there always exist a digitally optimal
cancelling sound. By leveraging this fact in our design, the
canceller generates the optimal cancelling sound by searching
for all candidates. We present a novel sound cancellation
algorithm that generates the opposite sound (i.e., the same
amplitude but inverted phase) in two steps: volume control and

Fig. 4. Decibel variance at the canceller during the cancellation process.

phase control. The volume control process is further divided
into volume calibration and volume lookup.
Figure 3 illustrates the design of Virtual Earplugs, with the
alarmer and the canceller. During the offline phase (before
going to bed), the alarmer notifies the time of the alarm to
the canceller using network time protocol (NTP) [16], and the
canceller stores the decibel values of the alarm sound through
volume calibration. During the online phase, the alarmer starts
generating the alarm sound. The canceller at the same time,
finds the nearest volume of the alarm at the canceller through
volume lookup, and generates the anti-phase sound of the
original alarm sound through phase control. Figure 4 shows
the decibel variance from the viewpoint of the canceller during
the online cancelling process. First, the canceller equalizes
the volume of the cancelling sound with the alarm sound
by volume lookup. Second, the canceller finds the anti-phase
through phase control process. Finally, the canceller reduces
the decibel of the alarm sound by generating a cancelling
sound.
B. Alarm Sound Selection
As discussed in Section II, to achieve alarm cancellation
using smartphones, the alarm sound should be at lower than
500 Hz. Otherwise, we cannot leverage ANC and additional
devices such as (real) earplugs are needed to utilize PNC.
The alarm sound should also fulfill its main responsibility of
waking up a human. We consider two facts: (i) around 520 Hz
is the most appropriate frequency of an alarm sound [17] and
(ii) the frequency of the alarm should be lower than 500Hz for
cancellation, and select 500 Hz sine wave as the alarm sound
in our system.
C. Volume Control
In order to successfully cancel the alarm sound, firstly, a
canceller must generate a sound that (i) has the same decibel as
the alarm sound and (ii) has the anti-phase of the alarm sound.
Unlike the phase difference, sound pressure level (decibel) is
not sensitive to latency in a given environment, unless the
acoustic environment (an environment from the viewpoint of
acoustics, usually affected by surrounding objects) changes.
As sound pressure is not sensitive to latency, a canceller
smartphone conducts volume calibration once before the alarm

begins (e.g., volume calibration could be done before going to
bed). Note that once the canceller conducts volume calibration,
there is no need for further calibration under the same acoustic
environment.
Algorithm 1 Volume Control
1: procedure VOLUME C ALIBRATION
2:
𝑁 ← total number of search
3:
𝑠𝑡𝑒𝑝 𝑠𝑖𝑧𝑒 ← 1/𝑁
4:
for 𝑖 ∈ {0, . . . , 𝑁 − 1} do
5:
𝑣𝑜𝑙𝑖 ← 𝑖 ∗ 𝑠𝑡𝑒𝑝 𝑠𝑖𝑧𝑒
6:
Play audio sample with 𝑣𝑜𝑙𝑖
7:
Wait until the end of playbacks
8:
for 𝑖 ∈ {0, . . . , 𝑁 − 1} do
9:
𝑑𝐵𝑖 ← dB of the 𝑖𝑡ℎ audio sample
10:
Store the paired value: {𝑣𝑜𝑙𝑖 , 𝑑𝐵𝑖 }
11: procedure VOLUME L OOKUP
12:
𝑑𝐵𝑜 ← measured dB of the alarm sound
13:
𝑁 ← total number of search
14:
𝑚𝑖𝑛 ← ∞
15:
𝑏𝑒𝑠𝑡 𝑣𝑜𝑙 ← ∞
16:
for 𝑖 ∈ {0, . . . , 𝑁 − 1} do
17:
Load the paired value: {𝑣𝑜𝑙𝑖 , 𝑑𝐵𝑖 }
18:
if ∣𝑑𝐵𝑜 − 𝑑𝐵𝑖 ∣ < 𝑚𝑖𝑛 then
19:
𝑚𝑖𝑛 ← ∣𝑑𝐵𝑜 − 𝑑𝐵𝑖 ∣
20:
𝑏𝑒𝑠𝑡 𝑣𝑜𝑙 ← 𝑣𝑜𝑙𝑖
return 𝑏𝑒𝑠𝑡 𝑣𝑜𝑙

Algorithm 1 summarizes the volume calibration process.
The canceller generates the cancelling sound with increasing
volumes. The canceller then measures the dB values of the
sounds at the canceller’s mic and stores all dB data as paired
values with the volume. Android volume control methods
(e.g, MediaPlayer.setVolume(x)) require a floating value, which
usually ranges from 0.0 to 1.0. Note that infinite number of
volumes can be generated and stored in the volume calibration
process. Therefore, dividing the volume range into certain
number of block is common [18]. There is a trade-off; choosing a higher number of pairs to be stored takes longer time than
a lower number, while the sound pressure difference between
the alarm and the canceller is smaller. We empirically chose
200 as the total number of search and thus the volume step
1
. With 200 paired values, the difference between
size is 200
the dB of the alarm sound and the nearest dB of the canceller
is about 0.13 dB, while the volume calibration process takes
4040 msec.
Once volume calibration is complete for the given environment, the canceller is ready to find the optimal cancelling
sound volume to generate. As shown in the volume lookup
procedure in Algorithm 1, when the alarm starts, the canceller
looks up the previously stored paired values and searches for
the nearest volume to the alarm sound. Finding the proper
volume after the calibration could be done instantly, as it is a
simple calculation of 200 comparisons.

D. Phase Control
As discussed in Section II-B, Android round-trip audio
latency is very high and with variance, even within the same
smartphone. Moreover, latency highly depends on smartphone
models and Android versions [13]. Therefore, it is difficult
to adopt feedback-based algorithms such as LMS [4] and
FxLMS [5]. We instead adopt a novel phase control method
that is not affected by the Android audio latency.
The alarm sound waves propagates through the air and
all the multipath are combined as a single sine wave at the
canceller’s mic. For example, if two sine waves of the same
frequency are combined, they become another sine wave of the
same frequency. If two sine waves can be represented by one
sine wave, we can say that all the sounds from multipath are
represented by one sine wave. We now show the combination
of two sine waves can be represented as a single sine wave.
Suppose we have two sine waves of the same frequency 𝜔,
with different amplitudes 𝐴 and 𝐵, and phase difference of 𝜙.
The two sine waves then can be written as follows:
𝐴 sin(𝜔𝑡) + 𝐵 sin(𝜔𝑡 + 𝜙).

(1)

By using the following equation (2) to expand equation (1),
the result is expressed as equation (3):
sin(𝛼 + 𝛽) = sin(𝛼) cos(𝛽) + cos(𝛼) sin(𝛽),

(2)

(𝐴 + 𝐵 cos 𝜙) sin(𝜔𝑡) + (𝐵 sin 𝜙) cos(𝜔𝑡).

(3)

For simplicity, we substitute the constants with the following
expression:
{
𝐶 = 𝐴 + 𝐵 cos 𝜙,
(4)
𝐷 = 𝐵 sin 𝜙.
The above equation (3) is then:
𝐶 sin(𝜔𝑡) + 𝐷 cos(𝜔𝑡)

(5)

which can be re-written as:
)
(
√
𝐶
𝐷
2
2
√
sin(𝜔𝑡) + √
cos(𝜔𝑡) .
𝐶 +𝐷
𝐶 2 + 𝐷2
𝐶 2 + 𝐷2
(6)
We now define 𝜃 as:
𝐷
(7)
𝜃 = tan−1 .
𝐶
Equation (6) then is re-expressed as:
√
(
)
(8)
𝐶 2 + 𝐷2 cos(𝜃) sin(𝜔𝑡) + sin(𝜃) cos(𝜔𝑡) .
By using equation (2), we finally express equation (1) as a
single sine wave:
√
(9)
𝐶 2 + 𝐷2 sin(𝜔𝑡 + 𝜃).
We can see that the amplitude and the phase difference have
changed, but we can express the summation of two sine waves
with the same frequency as a single sine wave.
With the above equations, we need not cancel each part
of the alarm sound but rather, only one sine wave, which
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Fig. 5. Audio format of (a) volume calibration and (b) phase control. In each process, the delay of getting audio samples from the mic is expressed as audio
input latency. There are zero-padded audio samples in the phase control process.

has unknown amplitude and phase shift at the mic. As the
alarm sound will be combined as a single sine wave at the
canceller, there exists an optimal anti-phase sine wave that
cancels the alarm sound. For example, since we set the default
frequency of alarm sound as 500 Hz, one period is 2 msec
(𝑓 = 1/𝑇 ). Under the 48 kHz sampling rate, which is a
common sampling rate of recent smartphones, there are a total
of 96 samples in one period; thus, 96 possible phase shifts.
Suppose the alarm sound is 𝑠𝑖𝑛1000𝜋𝑥, then the canceller’s
sound is 𝑠𝑖𝑛1000𝜋(𝑥 − 𝑝𝑖 ) after equalizing the amplitude to
the alarm, where 𝑝𝑖 is possible phase shifts where 𝑖 ∈ [0, 95].
The optimal phase shift 𝑝𝑜 to successfully cancel the alarm
sound hence always lies in [0, 95].
Algorithm 2 Phase Control
1: procedure PHASE CONTROL
2:
𝑁 ← total number of samples in a period of the alarm
sound
3:
𝑎𝑙𝑎𝑟𝑚 ← audio samples of the alarm sound
4:
Set the volume of alarm by Volume Lookup procedure
5:
𝑚𝑖𝑛 ← ∞
6:
𝑎𝑛𝑡𝑖 𝑝ℎ𝑎𝑠𝑒 ← ∞
7:
for 𝑖 ∈ {0, . . . , 𝑁 − 1} do
8:
𝑝ℎ𝑎𝑠𝑒𝑖 ← shifted samples of 𝑎𝑙𝑎𝑟𝑚 by 𝑖
9:
Play cancelling samples with 𝑝ℎ𝑎𝑠𝑒𝑖
10:
Wait until the end of playbacks
11:
for 𝑖 ∈ {0, . . . , 𝑁 − 1} do
12:
𝑑𝐵𝑖 ← dB of the 𝑖𝑡ℎ audio sample
13:
if 𝑑𝐵𝑖 < 𝑚𝑖𝑛 then
14:
𝑚𝑖𝑛 ← 𝑑𝐵𝑖
15:
𝑎𝑛𝑡𝑖 𝑝ℎ𝑎𝑠𝑒 ← 𝑝ℎ𝑎𝑠𝑒𝑖
return 𝑎𝑛𝑡𝑖 𝑝ℎ𝑎𝑠𝑒
In order to find the optimal phase shift 𝑝𝑜 , the canceller tries
all possible phase shifts (in the case of 500 Hz, 96 possible
shifts) by shifting the audio sample data to different phase
shift 𝑝𝑖 at the canceller’s mic and recording the dB changes.
The canceller then plays the cancelling sound with the optimal
phase shift 𝑝𝑜 . We summarized the phase control process in
Algorithm 2. First, the canceller sets the cancelling sound
volume with the Volume Lookup procedure of Algorithm 1,
in line 4. In lines 8 and 9, the phase-shifting and sample
generation are shown. The samples represent each phase shift
𝑝𝑖 . After finding the best anti-phase, it returns the audio sample
with the anti-phase.

E. Audio Format
Mitigating Audio Latency: Figure 5 shows the audio format used in volume calibration and phase control. In both
processes, there is a time delay, called audio input latency,
between the playback of the canceller’s audio and the availability of the audio received from the canceller’s mic. After the
canceller obtains the dB values from the mic, identifying the
index 𝑖 of 𝑑𝐵𝑖 is challenging due to the audio input latency.
To solve this latency problem, we attached additional inaudible
sound signals (i.e., 𝐼𝑠𝑡 and 𝐼𝑒𝑛𝑑 ) at the end of both formats.
We used 22 kHz as the inaudible signal frequency, given that
over 20 kHz sound is almost inaudible to human [19]. With
this mechanism, we obtain the index of the signal by getting
the time interval between the two peaks at the 22 kHz in the
recorded audio and dividing it into the total number of indices,
as expressed in the following:
𝐼𝑒𝑛𝑑 − 𝐼𝑠𝑡𝑎𝑟𝑡
∗𝑖
𝑁
where 𝐼𝑠𝑡𝑎𝑟𝑡 and 𝐼𝑒𝑛𝑑 represent the start and the end time of
the inaudible signals, respectively, and 𝑁 is the total number
of indices (𝑁 = 200 in volume calibration and 𝑁 = 96 in
phase control).
𝑑𝐵𝑖 =

Symbol Duration: Symbol duration determines the entire
processing time of the cancellation; a shorter duration brings
shorter cancellation time, and longer duration brings longer
cancellation time. To monitor 500 Hz decibel, the canceller
needs continual Fourier Transform to acquire the frequency
information of sound. We used Short-Time Fourier Transform (STFT) library [20], which requires 512 samples for
one STFT. This number of required samples consumes around
5 msec to collect enough audio data for one STFT under
48 kHz sampling rate. We set the duration of each symbol
(i.e., 𝐼𝑠𝑡 , 𝐼𝑒𝑛𝑑 , 𝑣𝑖 and 𝑝𝑖 ) to 20 msec to collect enough dB
data. With this duration, the canceller obtains 3∼4 data of
500 Hz decibel for each symbol. We used the average data as
a representative value for each symbol.
Zero Padding: In phase control, the canceller should continuously generate the optimal cancelling sound after finding the
anti-phase. Due to the Android audio input latency however,
the canceller cannot consider the last several dB values when
the canceller tries to find the optimal cancelling sound right
after playing 𝐼𝑒𝑛𝑑 . We thus add additional zero-padded audio,
lasting for about 200 msec (Figure 5(b)) to avoid the effect
of the audio input latency. The dotted line represents the

𝐷 × (2 + 𝑁 ) + 200
where 𝐷 is the symbol duration, 2 is the number of inaudible
signals, 𝑁 is the total search number, and 200 is zero padding.
IV. I MPLEMENTATION
We implemented the alarmer on Nexus 5X and the canceller
on Galaxy S7, respectively. Both the alarmer and the canceller
run Android 6.0.1. We used Android AudioTrack class to
generate the alarm and the cancelling sound from the audio
data. We utilized the the audio spectrum analyzer [20] to
monitor the dB of the target frequency of the alarm (500 Hz)
and the inaudible signal (22 kHz). The audio sampling rate is
48 kHz, which is commonly used in recent smartphones. We
use NTP to synchronize the time of the alarm between the
canceller and the alarmer during the offline phase. Before the
start of the alarm, each device synchronizes the time with the
same NTP server, and sends the alarm time to the canceller via
Bluetooth. Just before the time of the alarm, the canceller starts
monitoring the mic and when the alarm sound is detected,
starts the cancellation process.
In order to eliminate the effect of different acoustic environments, we set the default environment (lab environment)
as shown in Figure 7(a). Most experiments are done in the
lab environment, except for the evaluation on Section V-B
where we use various environments. In the lab environment,
the distance between the alarmer and the canceller is one
meter. We measured the dBA (the relative loudness of sounds
in the air as perceived by the human ear) through ARCO AR824 decibel meter. We set the volume of the alarm sound to
the loudest, which is measured to be around 82.0 dB at the
alarmer and 62.5 dB at the canceller. Both smartphones were
placed facing up.
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time when a canceller can obtain the best anti-phase from
all measured dB values at the mic. Note that the zero-padded
audio should be longer than the audio input latency, so that all
the phase shift 𝑝𝑖 can be measured through the mic. The zeropadded audio stream does not include the actual “sound,” and
thus would not bother anyone. After waiting the zero-padded
audio stream, the canceller starts continuously generating the
optimal cancelling sound.
Finally, the total cancellation processing time (in msec) is:








 

 

 

 

 

Fig. 6. Tradeoff between the search space and cancellation delay.

A. Impact of Search Space
As discussed in Section III-D, 500 Hz sound has 96 samples
per period under the 48 kHz sampling rate. Therefore, there are
96 phase shift candidates. Note that the reduction of dB and
the required delay in the cancellation process depend on the
search space. To investigate the relation between the search
space and the performance of alarm sound cancellation, we
experiment with different search space in the lab environment.
Figure 6 shows the result of each search space that is
averaged over 20 measurements. The red-dotted line represents
the dB of the original alarm (62.5 dB) before the cancellation.
As the number of search decreases, the required cancellation
delay also decreases, while the dB of the cancelled sound
increases (i.e., cancelled less). When the search space is 96
(100% of the total search space), the cancelled sound is about
42.9 dB, which is 19.5 dB decreased from the original alarm
sound. In terms of cancellation latency, it requires 2160 msec.
When searching was done at every other samples of the
total search space (i.e., search space 48), the cancelled sound
is 46.9 dB and cancellation delay is 1200 msec. As expected,
there is a trade-off; when the search space is small, the
required cancellation delay reduces while the dB of sound
level increases. Note that both the decibel and the duration of
sound affect sleep disturbance [21]. Previous studies on sleep
disturbance induced by noise set the default noise duration
to at least 2 sec [22], and if less than 1 sec, there is almost
no effect [21]. We hence set our search space to 96 (which
in consequence sets the cancellation delay to 2160 msec)
in the following experiments, so that we can maximize the
cancellation effect.
B. Cancelled Zone

V. E VALUATION
With our prototype implementation, we evaluate the feasibility of achieving active noise cancellation using only smartphones without wearables. Specifically, we examine (i) the
tradeoff of search space and delay, (ii) the size of twodimensional alarm sound cancelled zone in three different
environments, (iii) the effect of different frequencies of the
alarm, and (iv) the performance gain with an alternative design
using an external mic.

Since the canceller refers its built-in mic for the cancellation
process, the cancelled dB is optimal at the canceller’s builtin mic. However, the cancellation effect would be different to
the user near the canceller. The canceller thus should create
a cancelled zone (i.e., the area of reduced alarm sound after
cancellation) to effectively provide cancellation to the user.
In addition, the zone should be robust in practical settings,
i.e., common sleep scenario in a room that has multipath,
obstacles, etc. We hence measure two-dimensional cancelled
zone to answer the following two questions:
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(a) Lab environment.

(b) Practical environment I: On a bed.

(c) Practical environment II: On two beds.

Fig. 7. Experimental environments.
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(a) On a desk (Lab)

(b) On a bed

(c) On two beds

Fig. 8. Cancelled zone on three different environments.

∙
∙

What is the size of the cancelled zone and the amount of
noise reduction of those areas?
How does the room environment affect the cancelled
zone?

We measure the cancelled zone on three different environments, as shown in Figure 7. Figure 7(a) is the default
lab environment on a desk with less obstacles. The other
two environments are where smartphones are placed in bed;
Figure 7(b) represents the scenario where the alarmer and
the canceller are on the same bed (i.e., a couple sharing a
bed), and Figure 7(c) represents the alarmer and the canceller
are on the different beds (i.e., roommates in a dorm room).
The distances between the alarmer and the cancer in three
environments are 1, 1 and 1.4 meter away, respectively. In all
the environments, we set the volume of the alarm to maximum,
which are measured as 62.5, 44.0 and 41.0 dB at the canceller
for each environment. The difference between the magnitude
of the alarm at the canceller is mainly caused by the absorption
of sound.
The result of 2D cancelled zone for each environment is
shown in Figure 8. We measured the dB difference relative to
the dB of the original alarm sound, and recorded the average
of the five measurements for each 3×3 𝑐𝑚2 grid. For all
environments, the sound is reduced by around 19 dB at the
canceller’s mic. If the color of the grid is closer to blue, the
more effective is the cancellation. On the other hand, if the
color is closer to red, cancellation was less effective.
Overall, the alarm cancellation was at its best near the
canceller’s mic (around 6 dB reduction at the nearest grid).
This result is similar to traditional ANC systems: 6 dB reduction when 1.5 cm away from the mic [23]. Compared with
the cancellation effect at the mic, dBs around the canceller

Low

3cm

(a) 300 Hz

(b) 500 Hz

(c) 1000 Hz

Fig. 9. Cancelled zone with different frequencies (300, 500 and 1000 Hz).

are less effective. One important reason is that the mic is
inside the canceller, and thus the cancellation is optimized
for the canceller’s mic. We perform further measurements on
this issue in Section V-D. The cancelled zone is affected by
many factors, including the attenuation of sound with distance,
multipath, floor material, smartphone model, obstacles, etc.
Interestingly, the cancelled zone looks similar across different
environments.
C. Different Frequencies
As discussed in Section II, ANC works well on frequencies
below 500 Hz because of the longer wavelength, which
directly affects the cancellation zone. To examine the relation
between the frequency and the cancelled zone, we measured
the cancelled zone on 300 Hz and 1000 Hz sine waves, as
shown in Figure 9. Again, the average of five dB measurements
is shown in each grid. The zone in Figure 9(b) is the same
as in Figure 8(a). The cancelled zone under the 300 Hz alarm
has a wider area than 500 Hz. On the other hand, the zone of
the 1000 Hz alarm shows a smaller area than 500 Hz.
Moreover, the zone of the 1000 Hz alarm has steeper
changes in dB than lower frequencies. There are even increased grids (0.8 and 0.3 dB), caused by unexpected constructive interference stemming from the short wavelength. To
summarize, lower frequency alarm shows a wider zone while
higher frequency alarm shows a smaller zone. Still, the 500 Hz
alarm sound is effective for its cancellation zone as well as
the ability to wake up the intended target [17].
D. External Mic
Our scenario assumes that the canceller is near the user’s
ear, which could maximize the cancellation effect near the
user. However, it requires user proximity to the canceller
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Fig. 10. External mic design.
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volume of the canceller. As the distance between the speaker
and the mic is longer than other experiments, the canceller
must generate louder cancelling sound to reach the external
mic. The multipath of the louder cancelling sound can then
spoil the zone; the impact of multipath is larger than the
shorter distance case. As a result, one should be cautious of
the unexpected amplified alarm sound when using an external
mic, even though it can create broader cancellation zone and
further reduce the alarm sound.
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(a) Without external mic

(b) 0 cm – external mic

(c) 30 cm – external mic

Fig. 11. Cancelled zone on the external mic design with different distance
between the mic and the canceller ((b) 0 and (c) 30 cm).

due to the small cancellation zone. We thus evaluate another
design using an external mic, to overcome the short distance
requirement between the canceller and the user. We added
an external mic to the canceller as shown in Figure 10. The
canceller cancels the alarm sound with respect to the external
mic, instead of the built-in mic, and thus the cancellation effect
is optimized for the external mic.
The resulting zone is shown in Figure 11. The average of
five dB measurements is shown in each grid. Figure 11(a) is
the same as in Figure 8(a). First, to compare the difference
between using the built-in mic and the external mic, we
placed the external mic at the same position as the built-in
mic. Figure 11 (b) shows the cancelled zone for that setting.
Interestingly, the cancelled zone is wider than the case with a
built-in mic. This is mainly because of different acoustic environments between inside and outside of the smartphone; when
using the built-in mic, the cancellation effect is optimized
for inside the phone. This result indicates that the canceller
can mitigate the problem of small zone by using an external
mic. Note that there is a trade-off; basic design requires no
additional hardware, while the alternative design requires an
external mic that creates a broader cancelled zone.
The main purpose of the external mic design is to position
the cancelled zone by moving the mic. A user can put the
external mic near the user’s ear, to maximize the cancellation
effect. However, if the mic is certain distance away from the
speaker, the secondary path effect increases [24]. To evaluate
the effect of the distance between the mic and the speaker
of the canceller, we measured the cancelled zone with the
mic 30 cm away from the canceller. Figure 11 (c) shows the
result where the cancelled zone is broader and the cancellation
effect is larger than other settings. Interestingly, the alarm
sound at the upper half is amplified. This is due to the louder

VI. L IMITATIONS & F UTURE W ORK
We discuss the limitations of our current design and possible
future directions.
Human Perception: Aside from the reduced decibel of the
original alarm, human perception on the cancelled alarm sound
might be different; it depends not only on the reduced decibel,
but also on subjective sensitivity per human (called psychoacoustics). Conducting a user study could help understand the
human perception of the cancelled alarm sound. Furthermore,
one speaker is not sufficient to perfectly cancel the alarm
sound as humans have two ears. We believe cancellation for
two ears could be possible by leveraging two speakers in a
smartphone or other devices with a speaker.
Different Alarm Sound: Our current implementation uses a
simple sine wave as the alarm sound. However, one might
prefer to use other preferred alarm sounds. As we investigated
in Section V-D, the frequency of the alarm sound affects the
cancelled zone; an alarm sound of high frequency degrades the
cancelled zone. Theoretically and practically, high frequency
sound above 500 Hz is difficult to cancel by ANC principles. It
might require sound-isolating materials to leverage the passive
noise control (PNC) effect.
Environmental Change Tolerance: Our current design focuses on generating the optimal cancelling sound given an
acoustic environment. However, an environment could change
during the cancellation process (e.g., when a user turns off
the alarm, when a user tosses and turns during sleep, etc.).
Environmental changes can be detected by monitoring the
decibel at the canceller, and using a simple threshold-based
approach could work; re-cancelling when the canceller detects
sudden dB increases.
VII. R ELATED W ORK
We summarize prior works in two aspects: active noise
control (ANC) and audio synchronization.
Active Noise Control: Many ANC techniques have been
proposed and deployed. The most widely used algorithms are Least Mean Square (LMS) [4] and Filtered-x
LMS (FxLMS) [5] (and their variants). These are feedbackbased algorithms that mimic the desired filter to cancel the
noise by calculating the least mean square error. These algorithms use gradient descent method to cancel the noise.
FxLMS has one more filter to mitigate the secondary path
effect, compared to the LMS algorithm. However, these traditional solutions do not work well with commodity smartphones. Since these algorithms are based on a feedback loop,

the round-trip audio latency is required for every iteration.
Moreover, these algorithms require initial parameters, the step
size and the initial filter. Setting the parameters affects the
required number of iterations to converge, and the optimal
values depend on the environment [15].
Audio Synchronization: Instead of ANC, one might suggest
synchronizing the alarmer and the canceller, and when the
alarm starts, the canceller simultaneously generates the exact
anti-phase of the alarm. This requires audio synchronization
between the alarmer and the canceller. Previous works examined the audio synchronization with smartphones: using the
preamble symbol [25] or leveraging the impulse response of
the audio signal [26]. Both studies showed around 100 𝜇sec
error in audio synchronization. Note that ANC requires precise
time synchronization. A slight time difference has a huge
effect; 100 𝜇sec difference represents five sample errors in
phase control, which is very apart from the optimal cancelling
sound.
VIII. C ONCLUSION
We presented Virtual Earplugs that use only commodity
smartphones, without wearable devices or specialized hardware, to reduce unwanted alarm sounds. We highlighted practical challenges in applying traditional active noise cancellation
techniques in our setting, and presented solution to overcome
some of the issues. Our prototype evaluation demonstrated the
feasibility; Virtual Earplugs reduce the alarm sound by up to
19 dB in only 2.1 seconds of processing delay. While some
challenges still remain to fully realize our vision and widely
deploy our system in practice, we believe our efforts signify
the possibility of utilizing technologies with only commodity
devices to enhance user experience.
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