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Abstract. In this paper, we propose a novel acoustic localization system
using commercial off-the-shelf (COTS) mobile devices. Acoustic-based
systems have advantages in terms of accuracy and cost. However, the
measurable positioning area is limited because of the signal attenuation
and the poor performance of microphones embedded in COTS mobile
devices. Our system leverages a transmission scheme that combines time-
division multiple-access (TDMA) and frequency-division multiple-access
(FDMA) techniques to address the limitation. In the proposed approach,
each speaker transmits different band chirps in a predefined sequence to
mitigate multiple-access interference. A COTS device receives modulated
signals via a built-in microphone. We exploit the received signals and esti-
mate the position by calculating time difference of arrival (TDoA). We
were able to reduce the error to a 90th-percentile error of 46.26 cm at a
measurement point that could not be estimated by FDMA-based posi-
tioning. The experiment results show that our system is more accurate
and has a larger area of positioning capability compared with FDMA-
based positioning.

Keywords: Chirp · Acoustic indoor localization · TDoA ·
Smartphone · FDMA and TDMA · Sensing

1 Introduction

It has been reported [4] that people spend 88.9% of their days indoors on average
and have many experiences that involve information about their indoor location.
In addition, because of the COVID-19 pandemic, it is necessary to have a system
that monitors whether sufficient social distancing is maintained. By 2025, the
market value of indoor location information is expected to exceed 43 billion
dollars [15], proving that there is a large demand for effective indoor localization
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technology. Unfortunately, it is difficult to use a global positioning system (GPS)
indoors because the weak signals do not easily penetrate building walls [25].
Therefore, various indoor localization systems have been proposed, such as Wi-
Fi [2], Bluetooth [7], and UWB [14]. However, a standard system for indoor
localization systems has not yet been proposed because current systems need
improvements regarding accuracy and implementation cost.

This paper describes an indoor localization system using acoustic signals.
Acoustic signal-based localization technology leverages microphone sensors in
mobile devices to capture acoustic signals transmitted by sound sources and
to estimate user locations. Acoustic-based systems have been shown to achieve
high localization accuracy. Furthermore, because microphones are embedded in
COTS mobile devices and speakers are installed in an indoor environment, they
can be used to estimate the positions without additional hardware.

Regarding positioning performance, the precision of positioning mainly
depends on the transmitted signal. In general, the wider the bandwidth of the
signal, the more precise TDoA estimation becomes. However, from the perspec-
tive of scalability, the bandwidth should be as narrow as possible. Similarly, the
longer the length of the signal, the more precise TDoA estimation becomes due
to signal-to-noise ratio (SNR). However, from the perspective of the positioning
update rate, the length of the signal should be as short as possible. Given these
facts, a signal with a narrow bandwidth and as short a length as possible is
suitable for many environments.

However, a system with a narrow bandwidth and short signal length, as
described, has a limited positioning area. This is because it is difficult to detect
signals over a large area due to the low performance of the microphones embed-
ded in COTS devices (described later).

In this paper, we propose a transmission scheme that combines TDMA and
FDMA techniques to reduce the limitation of positioning area. Robust position-
ing is achieved by applying coherent averaging to the received signals.

To evaluate our proposed method, we experimented with three speakers per-
forming two-dimensional positioning estimation using TDoA. To the best of our
knowledge, the proposed method in this paper has not been reported in previous
literature. Thus, this is the first attempt to show how it can effectively alleviate
problems regarding acoustic positioning in practical situations.

The main contributions of this paper are as follows:

– We propose a transmission scheme that combines TDMA and FDMA tech-
niques to expand the positioning area for COTS mobile devices.

– We utilize a coherent averaging for received signals to improve the range
resolution.

– We investigate the delay that occurs when high-frequency signals are received
by COTS devices.
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Fig. 1. Frequency response by arrival
angle (Samsung Galaxy S10 plus)
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Fig. 2. Outline of the transmission
scheme

2 Proposed Method

2.1 Chirp Signals

We use a chirp signal, which is widely used in sonar and radar systems, as the
transmission signal. It has a characteristic of the frequency increasing linearly
with time (called up-chirp). A linear chirp can be expressed as:

s(t) = sin{2π(f0t +
k

2
t2)}, (1)

k =
f1 − f0

T
, (2)

where f0 is the beginning frequency, f1 is the end frequency, and T is the time
to sweep from f0 to f1.

2.2 Transmission Scheme

We propose a novel transmission scheme to expand the measurable positioning
area for acoustic localization. There are two main reasons why positioning cannot
be performed over a wide area. First, in some scenarios, the range between a
receiving device and the speaker required for positioning is quite long. It is
commonly known that signal attenuation is proportional to the second power of
distance. It is also known that the higher the frequency, the more it is affected
by attenuation. For these reasons, these weak signals easily get contaminated by
other signals and noise. Second, the receiver and speaker do not always face each
other head-on. This indicates that the directivity of the speaker or the receiver or
both will be poor in many environments. In particular, microphones embedded
in COTS devices are greatly affected by their frequency responses because of the
low performance of their electronic components.

We investigated the effect of various arrival angles on the frequency response
between 7 kHz and 23 kHz using a COTS device. Figure 1 shows the frequency
response of the Samsung Galaxy S10 Plus, which we use as the main device in
this paper. The experiment was conducted every 15◦, with 0◦ representing facing
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each other head-on. This result clearly shows the degradation effect of the arrival
angle, especially around 20 kHz. Note that the distance was kept constant in each
measurement, and the results would be worse if distance attenuation was added.
For these reasons, it is difficult to receive the signals when the arrival angle is large.

We utilize a transmission scheme that combines TDMA and FDMA to address
the limitation. TDMA-based positioning systems have the advantage of saving the
frequency band, because they schedule transmission signals from speakers to avoid
band collisions. On the flip side, the positioning update rate is slow because the
device needs time to wait to receive signals for positioning. Only a signal from one
node can be received in each time slot when the TDMA transmission scheme is
adopted. This is a major disadvantage when positioning a moving target because
the position where the signal is received is different each time.

FDMA-based positioning systems, on the other hand, have the advantage of
positioning update rate, because they transmit different frequency band signals
at the same time to prevent interference with each other. However, because dif-
ferent bands are transmitted at the same time, the total band inevitably becomes
wide. Even though FDMA-based systems require a wide frequency band in total,
they have been adopted for acoustic-based localization systems considering the
benefit of positioning update rate.

In our proposed approach, we design each speaker to transmit predefined
different band chirps in a predefined sequence, as shown in Fig. 2. For example,
assuming there are three speakers and performing 2-D positioning, there are
four time slots per cycle for each speaker. In this case, there are three bands
of chirps: high, middle, and low, and the bands do not overlap. The first time
slot indicates the beginning of transmission per cycle and all speakers do not
send anything. In the last three time slots, each speaker transmits a chirp that
does not interfere with other signals. Knowing the transmission schedule of the
speakers, the receiving device can identify each speaker.

For large-area positioning, we leverage transmitting multiple frequency bands
of chirps from each speaker to suppress the effects of frequency response. For
example, in an environment where positioning is severe, it is difficult to receive
signals during a single time slot because of either or both attenuation and fre-
quency response. However, by occupying multiple time slots to transmit multiple
frequency band chirps, we can suppress the cause of the positioning failure.

Another major benefit of our system is that the positioning update rate is
faster than TDMA-based systems as long as the environment is capable of receiv-
ing signals. This is because the signal can be detected from speakers required
for positioning during a single time slot, while TDMA-based systems require
multiple time slots.

2.3 Received Signal

Matched filtering (MF) is a pulse compression technique widely used in radar
systems for detecting signals. In MF, a received signal is convolved with the ref-
erence signal. Let sa denotes analytic version of the transmitted signal expressed
as follows.
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Fig. 3. (a) The reception time varies depending on the receiving frequency even though
the distance is constant, (b) Ranging error caused by delay

sa(t) = exp{j2π(f0t +
k

2
t2)}, (3)

The MF output R(τ) is calculated as:

R(τ) =
∫ T

0

s∗
a(t)r(t + τ)dt, (4)

where r(τ) is the received signal and s∗
a(t) is the reference signal which is con-

jugated. We can also obtain an envelope E(τ) by calculating the magnitude of
R(τ).

2.4 Group Delay

Because of the uniqueness of our transmission method, we noticed that the
reception time varies depending on the frequency shown in Fig. 3a. For example,
let tt is the transmission time, tlow and thigh are the reception times of low
and high frequency signals respectively, and Δd is the delay. Assuming the true
distance between the speaker and the device is 1m, we can measure the range
calculating c · (tlow − tt) and c · (thigh − tt) where c is the speed of sound. Even
if the distance is the same, we observed that the reception time of the high
frequency thigh is shifted, resulting in a longer estimated distance. Typically,
anti-aliasing filter (AAF) is applied to limit near Nyquist frequency at the input
of an analog-to-digital converter. This time delay is longer when recording with
a COTS device that has an AAF with low performance. This time delay is called
group delay [19]. The delay can be considered the propagation time delay of the
envelope as it passes through a digital filter.

We conducted a preliminary experiment to investigate the delay. In the exper-
iment, we first transmit 10–12 kHz up-chirp that is not affected by the AAF.
Then, after the given time interval, we transmit a signal to be checked. A smart-
phone as a receiver is located 1 m away from the speaker. We compute MF to
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(a) (b)

Fig. 4. (a) Simulation of the averaging techniques, (b) Envelope of actual received
signal after coherent averaging

obtain the highest peak as the reception time. The time interval between the
peak of the first transmitted signal and the peak of the signal being investigated
should be the same as the given time interval if the group delay does not affect
the signal. In this experiment, we used Samsung S10 plus, and 200 measure-
ments were made for each signal. The results are shown in Fig. 3b. Note that the
delay may vary depending on the COTS device. The results show that the delay
increases as the frequency approaches the Nyquist rate. We also computed the
variance of the delay, but they were all negligibly small. Therefore, the average
value was used as the delay to be compensated in this paper.

2.5 Coherent Averaging

Because a speaker transmits multiple bands of signals in a single cycle (including
multiple time slots), we take advantage of the combination of the received signals
to improve the range resolution. In our approach, we use a technique of coherent
averaging that improves SNR by collecting multiple signals and averaging them
in time phase [19]. We first collect the signals in a single cycle. Second, MF is
performed for each time slot using the reference signal in the same sequence as
the signals transmitted by the speaker. Finally, MF outputs are added up and
obtain the envelope. This implies that the smaller the phase difference between
each MF output, the higher the peak will be. Near the mainlobe, the phase of the
MF output is close to zero, and thus the magnitude is larger. By contrast, when
the phases are not close to each other, they cancel each other out or weaken each
other. Note that the envelope from other speakers can be created by changing
the sequence of the reference signals.

We also compare the performance of coherent and incoherent averaging. The
process of incoherent averaging averages in the envelope, while coherent averages
before making the envelope. In the simulation Fig. 4a, the envelope of coherent
averaging Epre contains the highest and narrow mainlobe, and large sidelobes at
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both sides of the mainlobe. The narrower the mainlobe, the smaller the variance
in reception time becomes due to the stabilization of the peak. In contrast,
the variance of reception time for incoherent averaging is expected to be larger
because the mainlobe is wider.

Figure 4b is an actual received envelope after coherent averaging. As shown
in the simulation, large sidelobes appear on both sides of the mainlobe. It can
suppress the sidelobes but requires a wider bandwidth. We set each chirp’s band-
width considering the trade-off in this paper.

Envelopes of coherent Ei
pre[n] and incoherent averaging Ei

post[n] from the
i-th speaker are expressed as follows:

Ei
pre[n] = ‖

M∑
l=2

Ri
l [N · (l − 1) + n − Δdil]‖ 0 ≤ n ≤ N, (5)

Ei
post[n] =

M∑
l=2

‖Ri
l [N · (l − 1) + n − Δdil]‖ 0 ≤ n ≤ N, (6)

where M is total number of time slots, Ri
l is the output of MF transmitted by

speaker i in the l-th time slot, N is the total number of samples in a time slot,
and Δdil is the delay in samples for the calibration that depends on the trans-
mitted signal (see Sect. 2.4). These equations show that the coherent averaging
maintains the phase information after addition, while incoherent averaging loses
it before. Near the mainlobe, the phase of each signal is aligned, resulting in high
amplitudes, but when the phase is different, the amplitudes cancel each other
out. The reception sample of speaker i is estimated as follows:

ni
pre = argmax

n
Ei

pre[n], (7)

ni
post = argmax

n
Ei

post[n], (8)

where the maximum peak is selected as the reception time transmitted from
speaker i. The reception sample n is easily converted to the receiving time by
considering the sampling rate and the speed of sound.

2.6 TDoA

To avoid requiring the mobile device to synchronize with the speaker, we use a
TDoA technique to estimate the position. In TDoA, estimating the 2-D coordi-
nates requires at least three speakers. Typically, N-dimensional position estima-
tion requires at least N + 1 nodes. Assuming that the 2-D coordinates of each
speaker are known, we can set up the following system of equations:√

(x1 − x)2 + (y1 − y)2 −
√

(x2 − x)2 + (y2 − y)2

= c · (τ1 − τ2), (9)√
(x1 − x)2 + (y1 − y)2 −

√
(x3 − x)2 + (y3 − y)2

= c · (τ1 − τ3), (10)
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Fig. 5. Experimental environment: (a) speakers and measurement positions, (b) exper-
iment scenario

where (x1, y1), (x2, y2), and (x3, y3) denote x, y coordinate of each speaker, (x, y)
is the estimated position of the device, and c is the speed of sound. τ1, τ2, and
τ3 are reception times from each speaker. With three speakers, we can construct
the presented system of two equations with two unknowns (x and y). We use
the following formula to compute the speed of sound c in this paper:

c = 331.3 + 0.606t, (11)

where t is the air temperature in degrees Celsius.

3 Experimental Evaluation

3.1 Experimental Setup

To evaluate our proposed method, we experimented with three speakers per-
forming two-dimensional positioning estimation using TDoA. We used a Fostex
FT200D as the speaker, an NF WF1948 as the signal generator, and a Fostex
AP20d as the amplifier. We located three speakers such that they were at the
same height and conducted each positioning experiment at 14 positions shown in
Fig. 5a. The experimental setup can be seen in Fig. 5b. We located each speaker
and smartphone facing straight ahead horizontally. We used a Samsung Galaxy
S10 Plus for a COTS device. The smartphone was held by a tripod, and the
height was set to be the same as the speakers to estimate 2-D coordinates. We
measured the position of the speakers and smartphone as the true value using the
Cortex MAC3D system, an accurate motion capture system. The temperature
in the room was 20.9◦C. We recorded the audio data using a recording app and
set 48 kHz as the sampling rate. In the experiments, we recorded the audio data
via the built-in top microphone. The recorded experimental data were applied
to our proposed method offline and evaluated. Received signals are upsampled
by a factor of 16 to interpolate between samples.

When setting parameters, it is important to consider trade-offs such as band-
width and signal length. In this paper, all signal lengths were set to 10 ms, and
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(a) Proposed method with coherent averaging (b) Without delay calibration

(c) Incoherent averaging (d) Proposed method with a single time slot

(e) FDMA-based positioning

Fig. 6. 100 estimated positions (red points) and mean positions (blue arrows) for each
method: (a) Proposed method with coherent averaging, (b) Without delay calibration,
(c) Incoherent averaging, (d) Proposed method with a single time slot, (e) FDMA-based
positioning

all signal bandwidths were set to 2 kHz. Aiming to avoid interference, our guard
bandwidth between transmission signals was set to 2 kHz. In the experiment,
we define 20–22 kHz up-chirp as high chirp, 16–18 kHz up-chirp as mid chirp,
and 12–14 kHz up-chirp as low chirp. There are four time slots in total per cycle
(500 ms) shown in Fig. 2, and the length of each time slot is set to 125 ms.

There were 100 measurements made in each position and evaluated. Figure 6
shows positions estimated by each experiment. Figure 7 shows the cumulative
distribution function (CDF) for the measurements. Note that errors larger than
0.20 m were not included in the figure. We also defined that positioning is failed
if the error was greater than 1 m or if TDoA had no real solution.

3.2 Our Proposed Approach

To investigate the positioning performance, experiments were conducted in which
we applied our proposed transmission scheme. The first time slot indicates the
beginning of transmission, and all speakers do not send anything. In the last
three time slots, each speaker transmits a chirp that does not interfere with
others. Each speaker transmitted the following predefined sequence per cycle:

– Speaker R: blank −→ high −→ mid −→ low
– Speaker M: blank −→ mid −→ low −→ high
– Speaker L: blank −→ low −→ high −→ mid
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(a) Proposed method with coherent averaging (b) Without calibration

(c) Incoherent averaging (d) Proposed method with a single time slot

(e) FDMA-based positioning

Fig. 7. Cumulative error function for each positioning: (a) Proposed method with
coherent averaging, (b) Without delay calibration, (c) Incoherent averaging, (d) Pro-
posed method with a single time slot, (e) FDMA-based positioning

We applied coherent averaging to the received signals and found the maxi-
mum peaks to estimate the position per cycle. Figure 6a shows the result visually,
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and Fig. 7a represents the CDF for positioning. The maximum and minimum
90th-percentile errors were 46.26 cm at P13 and 0.65 cm at P5. The maximum
and minimum standard deviations were 3.13 cm at P1 and 0.06 cm at P7.

3.3 Effect of Signal Delay

We also conducted some other experiments with the same data to compare the
performance. First, we conducted coherent averaging without delay calibration to
identify the effect of signal delay. Figure 6b shows the result visually, and Fig. 7b
represents the CDF for positioning. The positioning did not succeed every time
at P1. Excluding P1, the maximum and minimum 90th-percentile errors were
46.33 cm at P14 and 2.12 cm at P4, respectively. The maximum and minimum
standard deviations were 6.47 cm at P1 and 0.09 cm at P7, respectively.

3.4 Incoherent vs. Coherent

We conducted incoherent averaging applying to the same data aiming to deter-
mine the variance. Figure 6c shows the result visually, and Fig. 7c represents
the CDF for positioning. Similarly, excluding P1 and P13, the maximum and
minimum 90th-percentile errors were 69.75 cm at P11 and 0.89 cm at P6, respec-
tively. The maximum and minimum standard deviations were 12.81 cm at P1
and 0.19 cm at P6, respectively.

3.5 Single Time Slot vs. Three Time Slots

We experimented without any averaging techniques to estimate the position, that
is, positioning during each time slot instead of three time slots. Figure 6d shows
the result visually, and Fig. 7d represents the error for positioning. Similarly,
excluding P1, P2, P3, P4, P11, P12, P13, and P14, the maximum and minimum
90th-percentile errors were 34.61 cm at P10 and 5.36 cm at P7, respectively. The
maximum and minimum standard deviations were 12.33 cm at P9 and 1.93 cm
at P7, respectively.

3.6 Comparison with FDMA-Based Positioning

To compare the performance with the conventional method, we experimented
with an FDMA-based positioning system. In the experiment, Speaker R trans-
mitted the high chirp, Speaker M transmitted the mid chirp, and Speaker L
transmitted the low chirp continuously in a loop. To make the experiment fair,
each speaker transmitted three times per cycle, and coherent averaging is applied
to the received signals to estimate the position. Figure 6e shows the result visu-
ally, and Fig. 7e represents the CDF for positioning. We could not estimate the
position at P1, P2, P3, P13, and P14. Excluding these positions, the maximum
and minimum 90th-percentile errors were 58.21 cm at P12 and 6.65 cm at P7,
respectively. The maximum and minimum standard deviations were 2.18 cm at
P6 and 0.07 cm at P7, respectively.
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(a) (b)

Fig. 8. (a) Envelope at P13 with FDMA positioning, (b) Enlarged view of the figure
on the left

4 Discussion

Measurements at the edge positions such as P1, P2, P13, and P14 where the
arrival angle from the speaker is severe make position estimation more difficult.
Especially in the time slot where a high chirp is transmitted, it becomes even
more difficult because of the frequency response shown in Fig. 1. However, our
proposed method can mitigate the effect by using multiple frequency bands.
Figure 8a is an envelope of the received signal at P13 performing FDMA-based
positioning. We found that the signal from Speaker R, which is farthest from
the device and with a severe arrival angle, is contaminated by the noise shown
in Fig. 8b. This indicates that the peak is unstable and consequently estimates
the wrong position. A similar waveform was also observed at P1, P2, P3, P13,
and P14. For these reasons, the positioning error is large compared with our
proposed approach.

We compared the performance without delay calibration. The results were
nearly similar, but the variance is smaller for the proposed method. We believe
the reason is that without delay correction, the signals do not add up properly
near the mainlobe and become unstable.

We also compared the performance with positioning during a single time slot.
Because positioning occurs during a single time slot, it is difficult to estimate
the position over a large area. However, if the device is in an area where it can
receive a sufficient signal, it is possible to estimate its position accurately. In the
limited area, the positioning update rate is faster as long as the environment is
conducive to signal reception. We can take advantage of TDMA and FDMA to
estimate the accurate position using single time slot in the middle area where
the error is little and using three time slots in the area where the positioning is
difficult. However, the results show that the area is quite limited to the central
area such as P5, P7, P8, and P9 where it is not easily affected by directivity.
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It is difficult to estimate the position of a moving target because our proposed
approach requires three time slots to perform averaging. In coherent averaging,
signals are accumulated using phase information, but they are not added up
properly if reception time varies in each time slot.

5 Related Work

5.1 Indoor Positioning Technologies for Smartphones

It is desirable for an indoor positioning system to be able to estimate a user’s
position using only a smartphone and without additional hardware. There-
fore, many indoor positioning studies have been proposed for smartphones.
We can summarize smartphone-based indoor positioning in terms of three
categories: inertial-sensor-based tracking, radio-signal-based localization, and
acoustic-signal-based positioning. The pedestrian dead reckoning (PDR) app-
roach, which uses inertial sensors, is very useful because it is possible to esti-
mate a relative position using only a smartphone [12]. However, it is necessary to
combine it with other positioning methods because an initial smartphone posi-
tion has to be acquired and positioning errors accumulate while walking [18].
In radio-signal-based localization, UWB based systems have proven to provide
10–20 cm accuracy [26], however, most of the current devices do not have UWB
chip. For a smartphone system, an RSSI-based position-estimation method using
Wi-Fi [2] or BLE [7] has become widely used. Furthermore, IEEE 802.11-2016
now includes a Wi-Fi Fine Time Measurement (FTM) protocol, and thus more
robust approaches for Wi-Fi localization are proposed [24]. However, these meth-
ods have a positioning error of around 1 m and low accuracy. By contrast, an
acoustic signal-based positioning method has a positioning accuracy as good as
centimeter level. The acoustic signal enables high accuracy estimation because
its propagation time is slower than a radio signal.

5.2 Acoustic Signal-Based Positioning Systems

Acoustic signals are suitable for device positioning in terms of accuracy, and
many studies have been proposed.

Examples of such systems include Active Bats [10], Cricket [22], and DOL-
PHIN [8], which are ultrasonic 3-D positioning systems using the Time of Arrival
(ToA). They can achieve highly accurate positioning. Moreover, Cricket [22] has
been extended to Cricket Compass [23], which can measure the yaw angle of the
target by Angle of Arrival (AoA).

It is also difficult for commercial mobile devices, including smartphones, to
receive ultrasonic signals and provide high-speed and precise time synchroniza-
tion between transceivers, as is required for ToA calculation. Only one example
of such time synchronization has been proposed, which uses a smartphone, cam-
era, and lighting [1]. Therefore, alternative TDoA-based methods, which do not
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require time synchronization, are more widely used rather than ToA-based sys-
tems. Examples of methods that use TDoA include ASSIST [11], ALPS [16], and
Sonoloc [6].

FDMA-based transmission schemes are often used for basic acoustic-based
positioning systems for improving the positioning update rate. In [17], the
authors try to identify speakers by modulating chirp rate adaptation to save
the frequency band. Similary in [13], the authors design optimal waveforms to
mitigate the effect of multiple-access interference. A FDMA-plus-TDMA-based
system is also used in [5]. They propose a unique transmission scheme that saves
the frequency band and improves the update rate by shifting the transmission
time slightly.

There are many other methods for acoustic-based positioning [3,9,20,21].
However, to the authors’ knowledge, no previous works have been researched for
expanding the positioning area.

6 Conclusion

In this paper, we propose a novel transmission scheme to expand the positioning
area. In the transmission scheme, FDMA and TDMA techniques are combined to
compensate for the disadvantages. Outputs of MF are then added up by applying
the coherent averaging to improve the range resolution and SNR. Finally, the
maximum peaks are selected as the reception times to compute TDoA. We also
refer to the receiving delay that is affected by AAF. We conduct a preliminary
experiment to calibrate the received signals in this paper. We installed three
speakers in a room and conducted positioning experiments at 14 measurement
positions. The result demonstrates high-accuracy positioning and small variance
for all positions, confirming the robustness of our system and enabling larger-area
positioning.
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