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Abstract—This paper proposes solutions for designing acoustic
receivers for detecting high frequency sound signals, emitted by
commercial smartphones. The receivers can build the foundation
of an indoor localization system. Detection takes place over a
distance of up to 16 m, with an accuracy of 25 cm. In order to be
competitive, the cost of the receivers is kept low and the installa-
tion effort is minimal. We compared three different approaches
for sound signal detection: envelope detection, a single tone detec-
tion IC and chirp correlation. Furthermore, we estimated the
audibility of the sound signals, based on measurements of the
sound pressure level of commercial smartphones at different
frequencies and distances.
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L INTRODUCTION

The indoor localization of smartphones has been becoming
more and more important as smartphones have been spreading
widely and play an important role in everyday life for many
people. Up to this day, some methods for localizing
smartphones in an indoor environment already exist. Due to
the high availability of wireless networks, WLAN-based ap-
proaches, as [1] exemplarily, have been strongly under exami-
nation. Other methods make use of the internal sensors of
smartphones like the built-in camera [2] or accelerometer and
compass [3].

Some research groups have also started to investigate the
built-in loudspeakers and microphones in smartphones for
different purposes. Peng et al. implemented the ranging sys-
tem BeepBeep [4], which is an essential step towards a locali-
zation system. BeepBeep allows distance measurements be-
tween two smartphones over a distance of up to 10 m, achiev-
ing a resolution of about 1-2 cm. The used sound signals are in
the range of 2-6 kHz and therefore hearable for human beings.
Using sound signals in crowded rooms implies the use of fre-
quencies that cannot be heard by human beings, to avoid an-
noyance. Filonenko et al. have shown, amongst others, that
smartphones are able to emit sound beyond the hearing range
of humans [5]. A method for transmitting data between two
smartphones over a range of up to 80 cm using sound signals
with frequencies between 20-23 kHz, therefore not hearable
for most humans, was realized by Arentz and Bandara [6].

Tarzia et al. use smartphones as receivers to create a localiza-
tion system working with room level resolution [7]. The local-
ization is based on the acoustic background spectrum of each
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room. In their approach they exclusively use the built-in mi-
crophone of smartphones to take an acoustic fingerprint of a
room. No additional hardware is required.

To realize a smartphone localization system, which does not
need a costly infrastructure and allows highly accurate locali-
zation, we find it promising to use sound. We use smartphones
to emit short sound pulses outside the human range of hearing.
In this work we show the realization of acoustic receivers,
which can be used in indoor localization systems. Our ap-
proach can compete with other approaches that use little or no
additional infrastructure, because of the low price of our re-
ceivers combined with the fact that the installation effort can
be minimized. The receivers can calculate their own positions
automatically, as shown in [8].

IL SMARTPHONES AS SOUND EMITTERS

A.  Geometrical Spreading

We are using smartphones to emit sound signals. Assum-
ing a smartphone behaves like a spherical sound source, the
sound pressure p varies inversely proportional to the distance
of the source r [9].

p~1r (1)

The sound pressure level L, which is a logarithmic measure of
the sound pressure, can be calculated with the rms value of the
sound pressure.

Lp = 20'10g(prms/pref): (2)
where p is a reference sound pressure of 20 pPa.

Using (1) and (2) one can calculate the difference in sound
pressure level, when changing the distance to the source from
ryto ry.

ALp = Lp,r2 - Lp,r] = 20'10g(}"]/}’2) (3)

For example, when doubling the distance to the source, which
means that r, = 2r;, the sound pressure level drops by -6 dB.
In a real world scenario, our receivers will, for example, be
placed at the ceiling or walls of a supermarket, so we expect
no smartphone to get closer to a receiver than 10 cm. We de-
fined the size of one localization cell to be 10-10 m?. The de-
crease of sound pressure level in this range, due to geometrical
spreading, is around -40 dB.
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B.  Air Absorption and Other Effects

The sound pressure also decreases as a result of air absorp-
tion. Damping, due to air absorption, increases with increasing
distance and frequency. As reported in [9] the sound pressure
of a sound wave with a frequency of 20 kHz drops by -1 dB
over a distance of 12.5 m. Compared to the decrease by geo-
metrical spreading of -40 dB over 10 m, the influence of air
absorption can be neglected. In a real world scenario the ex-
pected dynamic range of the sound pressure variations are
higher than 40 dB. One reason for this is the directivity of the
smartphone speaker, as shown in [10] for the iPhone 4S. Addi-
tional damping occurs, for example when no line of sight ex-
ists between smartphone and receiver. In this case the sound
has to travel a longer way and looses parts of its energy at re-
flecting boundaries.

III. HUMAN HEARING AT HIGH FREQUENCIES

Human hearing is best at frequencies where most of speech
takes place, which is around 0.5-6 kHz. When moving away
from this frequency range, the ability to hear worsens. The
absolute hearing threshold defines the minimum sound pres-
sure level, which a pure tone needs to have, in order to be rec-
ognizable for a human. Usually it is plotted as a function of
frequency. The hearing threshold of humans increases at high
frequencies [11].

Sakamoto et al. have conducted measurements of the absolute
hearing threshold in the frequency range from 8 kHz to
20 kHz, for different age groups [12]. 65 persons with normal
hearing were tested. In the range from 18-20 kHz they report
average hearing thresholds between 112-148 dB, which is
highest for the oldest age group. The youngest age group
shows the lowest average hearing threshold and the highest
standard deviation. At 18 kHz the standard deviation has a
maximum value of 22 dB. The standard deviation decreases
with increasing frequency to a value of 7.5 dB at 20 kHz.

In their paper, the hearing threshold was measured under la-
boratory conditions. In the presence of background noise,
which will appear in a crowded building, the hearing threshold
will be raised through the psychoacoustic effect of masking.
There is no fixed frequency above that humans cannot hear.
The audibility of a sound signal depends on its frequency and
on its sound pressure. The sound pressure of a smartphone
depends on the distance to the smartphone, see (3), and on the
frequency response of the loudspeaker.

To evaluate the audibility of high frequency sound signals
emitted by smartphones, we measured the sound pressure level
of different commercial smartphones at 18 kHz and 20 kHz for
the distances 1 cm, 10 cm and 5 m.

The smartphones were chosen arbitrarily from popular models.
The difference between smartphone sound pressure and aver-
age hearing threshold for a specific frequency is given in Ta-
ble I, in units of the corresponding standard deviation c. A
high number corresponds to a high percentage of people not
being able to hear a sound. For example a difference of lo
corresponds to 50 % + 68.3/2 % = 84.15 % of the test persons
not being able to hear that specific sound. A difference of 3¢

corresponds to 99.85 % and a difference of 4o relates to
99.975 % not being able to recognize a sound. For the calcula-
tions the values of the average hearing threshold of the young-
est age group were taken.

As expected, the audibility of the sound signals decreases with
increasing frequency and distance to the smartphones.

One could draw the conclusion to use as high frequencies as
possible. As we show in [10], frequencies up to 22 kHz can be
reproduced by smartphone speakers. However the frequency
response drops with increasing frequency. A compromise be-
tween audibility and emitted signal strength has to be made. In
this work we use the frequency range from 18-22 kHz.

TABLE L DIFFERENCE BETWEEN AVERAGE HEARING THRESHOLD AND
SOUND PRESSURE LEVEL EMITTED BY SMARTPHONES IN UNITS OF THE
STANDARD DEVIATION.

sl,:;tft;;; rt::: Smartphone type 18 kHz 20 kHz
1 cm iPhone 4S 1.6c 5.00
Samsung GT-S5830 0.9¢ 4.1c
iPod Touch 1.0c 440
10 cm iPhone 4S 1.9¢ 6.40
Samsung GT-S5830 1.80 7.26
iPod Touch 1.70 6,50
Sm iPhone 4S 3.5¢ 11.7¢
Samsung GT-S5830 340 12.00
iPod Touch 3.5¢ 11.30

IV.  APPROACHES FOR DETECTING HIGH FREQUENCY SOUND
SIGNALS EMITTED BY SMARTPHONES

A. Choosing a Microphone

The first part in the signal chain of our receivers is a trans-
ducer, which converts acoustical signals into electrical signals.
For our purposes the transducer should be small and cheap.
The microphone types we are left with are electret- and
MEMS-microphones. We have measured the sensitivity as a
function of frequency, i.e. the frequency response of several
electrets-microphones, from the manufacturers Kingstate and
Ekulit. We compared these measurements to the frequency
response of a MEMS-microphone from Knowles Acoustics
(see Fig. 1). The frequency response of the electret-
microphones drops with increasing frequency. The MEMS-
microphone shows a peak around 20 kHz. Thus, for detecting
sound signals in the range of 18-22 kHz the use of the MEMS-
microphone is preferred.

Further, we compared three different types of signal pro-
cessing: envelope detection, single tone decoder and chirp
correlation.
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Figure 1: Frequency response of electret- and MEMS-microphones in the
range from 500 Hz — 25 kHz.

B.  Envelope Detection

Our first approach uses only the amplitude of an incoming
signal to detect its presence. The signal processing is com-
pletely analog. A tone with a fixed frequency and duration is
emitted by the smartphones. The signal is converted by a mi-
crophone, pre-amplified, filtered and amplified again. After-
wards an incoherent demodulator detects the envelope of the
incoming signals (see Fig. 2).

The filter is an active 8" order highpass filter, made of four
cascaded Sallen-Key structures. Each filter stage is tuned to
the same cutoff-frequency of 17.5 kHz. The amplifier stages
are decoupled with passive bandpass filters.

The output signal from the envelope detector is sent to an At-
mel ATxemga 128 for analog to digital (A/D) conversion. The
sampling rate is 25.6 kHz with a resolution of 8§ bit. The digi-
talized values are then sent to a computer via the universal
serial bus (USB). Here threshold detection takes place.

We carried out an experiment to verify the accuracy of this
approach. A smartphone was used to emit pulses with a fre-
quency of 19 kHz and duration 50 ms. A measurement of the
time difference of arrival (TDOA) was done repeatedly be-
tween two receivers and the positioning error was calculated
for each of the 300 measurements. The distance between the
smartphone and the receivers was 2 m. All positions were kept
constant during the measurements. The receivers were syn-
chronized via WLAN. Synchronization between the receivers
and the smartphone is not needed. The experiments were con-
ducted in an acoustically untreated hangar. Using the relation

s =ct, (4)

the time differences were converted into distances. In (4) s is
the distance, which sound travels during time ¢. The speed of
sound ¢ is 343 m/s, at a temperature of 20 °C. The standard
deviation we measured was 16 cm. In another experiment we
measured the percentage of received data points in relation to
the number of sent pulses.
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Figure 2: Diagram of the signal processing chain, used for envelope detection.
The building blocks are: Microphone, pre-amplifier, filter, amplifier, envelope
detector and A/D converter.

At a distance of 10 m we received 74 % of the points. For
greater distances the percentage of received points was de-
creasing. At a distance of 12 m the number dropped to 9 %.
Only points within a range of + 26 were included.

One disadvantage of using envelope detection is that it does
not allow distinguishing between different smartphones at the
same time. This problem can be solved by using a time-
division multiplexing (TDM) scheme. This approach also
misses robustness against background noise. Especially short
sounds, with a broad spectrum, cannot always be filtered out
adequately.

C. Single Tone Detector

With the use of a single tone decoder, which can normally
be found in dual tone multy frequency (DTMF) circuits, the
detection of the signal’s presence can be made more robust.
The single tone decoder can be tuned to a certain frequency.
The output is a digital signal, being high or low, indicating a
valid input signal or not. We used the integrated circuit (IC)
LMS567CN. It uses the in-phase and quadrature-phase compo-
nents of an incoming signal to detect the presence of a tone.
We modified the circuit for envelope detection by exchanging
the actual envelope detector for the DTMF chip.

Compared to envelope detection the robustness of signal de-
tection could be improved. Another advantage is that when
using several single tone decoders, tuned to different frequen-
cies, several smartphones can be used at the same time.

Through experiments we found out that the standard deviation
for a TDOA measurement was 8.74 m. We considered this
value too high, to follow this approach further, as we are inter-
ested in performing localization in the centimeter range.

D. Chirp Correlation

In this approach we use linear chirp signals. Some of their
characteristics make them applicable for localization. Equation
(5) shows a formula to describe such a function.

chirp(t) = sinQ2nt(fy+k t/2)), (5)

with time ¢, start frequency fo, k£ = Af/t, Af = stop frequency —
start frequency and chirp duration 1. The frequency of the si-
nusoid is swept linearly from a start frequency to a stop fre-
quency over the duration of the chirp. The auto-correlation
function of a linear chirp signal shows a high and narrow peak.
This characteristic allows high temporal accuracy for detecting
signals. Cross-correlating chirps in different frequency bands,
or up- and down-chirps, the resulting function does not show a
distinct peak. This characteristic can be used to have multiple
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emitters operating at the same time. Numerous authors report-
ed promising results by using this type of signal for detecting
sound and ultrasound signals; see [4] and [13]. Also they have
been used in radar and sonar applications since a long time.
The available frequencies for chirps range from 18-22 kHz.
Besides A/D conversion, the ATxmega 128 is now used to
mix the incoming signals with a square wave and for lowpass
filtering. The square wave has a frequency slightly above
22 kHz. The spectrum of an incoming chirp is shifted down to
the frequency, which is the difference between the highest
frequency of the chirp and the frequency of the square wave.
After downmixing, groups of eight samples are added together
to increase the resolution by three bit. At the same time this
process performs lowpass filtering, due to the averaging of
eight samples. The data rate is reduced to about 11 kHz, with a
resolution of 15 bit per sample. Reduction of data rate was
necessary because of its limitation by the USB transmission to
a maximum of 25.6 kHz for 8 bit samples. Fig. 3 shows a dia-
gram of the signal processing in the ATxmega 128. The signal
is then sent to a computer, where it is cross- correlated to a
reference chirp with the same properties. The cross-correlation
is carried out as a convolution, which equals a multiplication
of the two signals in frequency domain. The spectra of the
input chirp and reference chirp are calculated with the Fast
Fourier Transform (FFT). The inverse FFT is used to convert
the signal back to time domain. When a chirp, equal to the
reference chirp, is present in the FFT-window, a peak occurs
in the output signal. The position of the peak can be related to
the time of arrival of the chirp. Comparing the times of arrival
of multiple receivers, one can realize TDOA based localiza-
tion. The TDOA measurement, done as for the other two ap-
proaches, showed a standard deviation of 25 cm. For distances
greater than 16 m the number of received pulses is decreasing.
For the measurements, chirps with frequencies from 18-
19 kHz and duration of 50 ms were used. The highest errors
were caused by multipath propagation. Multipath propagation
happens in indoor environments when sound gets reflected by
the walls, floor or ceiling of a room.

V. CONCLUSION AND OUTLOOK

We compared three different approaches for receiving high
frequency sound signals, emitted by smartphones. Localiza-
tion with envelope detection results in a maximum distance of
10 m with an accuracy of 16 cm. However, it suffers from
immunity against background noises and the ability to distin-
guish between different smartphones simultaneously. Single
tone decoders can increase the robustness of signal detection,
but their temporal accuracy is low. The use of chirp correla-
tion is preferred, as with 16 m it shows the highest distance
over which localization can be performed. The accuracy is
around 25 cm. Furthermore it is possible to distinguish be-
tween several smartphones at once. With the achieved results
applications can be in supermarkets and airports navigating
people to desired products or gates, respectively. Other uses
are at exhibitions or in hospitals. In future work we want to
investigate the number of chirps which can be used in the

available frequency range from 18-22 kHz. We also want to
increase the accuracy of the chirp correlation by filtering out
multipath propagations and improving our signal processing
algorithms.
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Figure 3: Diagram of the signal processing used in the ATxmega 128. The
incoming signal is sampled with a rate of 88.15 kHz and a resolution of 12 bit.
The signal is then multiplied with a rectangular function with a frequency of
/4. Groups of eight samples are added together to increase the resolution by 3
bit and lowpass filtering the signal.
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