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A B S T R A C T

This paper presents an Acoustic Local Positioning System (ALPS) suitable for indoor localization of mobile
devices, based on the transmission of high frequency Code Division Multiple Access (CDMA) audio signals from a
fixed beacon network to a tablet computer. The system permits positioning of the device (and the user carrying
it) within a few centimeters, which is accurate enough for most location-based applications. It also implements a
CDMA scheme for localization, including compensation for the limited transmission frequency band of the
sensors which causes Intersymbol Interference (ISI), as well as Multiple Access Interference (MAI) between the
different beacons. Signal reception, processing and estimation of position all take place within the tablet, op-
erating at real time and with an update rate of 2 Hz. Experimental results show that the MAI/ISI compensation
algorithm increase both the system’s robustness (availability ⩾90%) and accuracy (errors ⩽10 cm) under adverse
circumstances such as near-far effect or noisy conditions.

1. Introduction and related works

From the appearance of the first Local Positioning Systems (LPS) for
indoor environments to the present time many technological solutions
have been proposed [1–3]. Nowadays, the local positioning in indoor
environments with mobile devices such as smartphones and tablets is
becoming increasingly relevant. Some applications of LPS are the lo-
cation, tracking and guidance of people in indoor environments, as well
as new ways of interacting with the objects in their surroundings.
Especially noteworthy are Location Based Services (LBS) apps which
are based upon knowledge of the users location to provide them re-
levant information about their environment.

Currently, mobile smart devices are equipped with a large number
of built-in sensors which offer various possibilities in the design of a
LPS. In that sense, Pedestrian Dead Reckoning (PDR) systems [4] make
use of these sensors (accelerometer, gyroscope and magnetometer) to
obtain accuracies (errors respect to the final position) of about 10% of
the total walked distance. To improve these results other authors pro-
pose adding extra inertial sensors carried by the user [5] or including
Map-Matching techniques [6].

Of particular relevance today are location systems based on Radio
Frequency (RF) since most mobile devices incorporate this technology
off-the-shelf. Their positioning technique is based on the measurement

of the Received Signal Strength (RSS), either from Wireless Personal
Area Network (WPAN) such as Bluetooth [7], Bluetooth Low Energy
(BLE) [8] and Ultra Wide Band (UWB) [9], or from Wireless Local Area
Network (WLAN) such as WiFi [10] transceivers. Because of the com-
plex propagation of RF signals indoors, RSS measurements are subject
to large variability in this kind of environments, resulting in typical
positioning errors between one and a few meters. This poor accuracy
has been enhanced by fusing RSS measurements with the information
provided by the remaining mobile sensors such as the accelerometer
[11], accelerometer and the magnetometer [12], gyroscope [13],
magnetometer and the gyroscope [14], barometer [15] or even using all
of them [16].

On the other hand there are some LPS, as the one proposed in this
work, that benefit from the low propagation speed of sound in air to
achieve centimeter accuracy by measuring the Time-of-Arrival (ToA) of
acoustic signals [17]. These Acoustic Local Positioning Systems (ALPS)
can be easily implemented in portable devices since most of them are
equipped with audio recording/emitting hardware off-the-shelf, al-
though this hardware is not prepared to work in the medium or high
frequency ultrasonic range. The frequency response of mobile devices’
microphones and speakers is always below 22 kHz and their audio ac-
quisition sampling rates are not higher than 96 kHz.

One of the first works appearing in literature, called Beep [18], and
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a later evolution of this work [19], propose a centralized LPS where a
Personal Digital Assistant (PDA) emitted short ultrasonic pulses that
were detected by an array of six microphones, connected through a
WLAN with a central process unit. These systems achieved positioning
accuracies below 70 cm in 90% of cases, improving to 40 cm in posi-
tions away from walls and corners. A similar system was proposed in
[20,21], where a smartphone was used to emit short 21.5 kHz pulses
detected by an array of four microphones. This centralized system
achieved errors below 10 cm by minimizing a positioning cost function.
A different proposal was carried out in the BeepBeep ranging system
[22], in this work the authors developed a two-way sensing technique
to estimate the relative distance between a PDA and a smartphone. By
measuring the ToA of chirp signals with frequencies between 2 and
6 kHz emitted by these devices, this system achieved positioning errors
of 5 cm for distances below 4m. Later, several works benefited from the
BeepBeep ranging technique to develop different relative indoor posi-
tioning systems among smartphones and tablets [23,24], reporting
average positioning errors between 10 and 30 cm. The main constraint
of all these systems is their low update rate and low multi-user cap-
ability, in order to avoid signal collisions.

The current signal processing capabilities of smart mobile devices
[25] allow for more efficient Code Division Multiple Access (CDMA)
based systems, in which all signals can be emitted at the same time. The
advantages of the CDMA scheme are well known and have been widely
used in the design of general-purpose Ultrasonic Local Positioning
System (ULPS) [26]. Also works like [27,28] have demonstrated the
viability of using spread spectrum audible signals in a general-purpose
ALPS using a set of four pseudorandom noise sequences and obtaining
errors below 10 cm for 95% of measurements in a testing area of
6×7m2. Unfortunately, the use of longer and simultaneous emissions in
CDMA schemes comes hand in hand with the appearance of phenomena
such as Multiple Access Interference (MAI) and Inter Symbol Inter-
ference (ISI) [29]. Due to the above mentioned audio system limita-
tions, the implementation of a CDMA-ALPS with mobile devices either
requires the use of an ultrasonic external acquisition system [30] or the
emission of audible signals [31]. In this latter work, the authors pre-
sented a CDMA-ALPS for mobile devices using audible signals. This
system was based on the use of four 255-bit Kasami codes, BPSK
modulated at 20 kHz, which were acquired and match-filtered directly
by an iPad in order to calculate its own position by means of multi-
lateration. This system was evaluated in a 5.5×5.75m2 positioning area
obtaining errors below 10 cm for 70% of measurements at testing points
free of MAI, ISI or multipath. These errors increased up to 90 cm at
locations where these phenomena appear.

This work presents a new CDMA-ALPS which performs indoor lo-
calization of smartphones and tablets providing robust ToA estimations
by using a MAI/ISI compensation algorithm. The system is based on the
prototype presented by the authors in [31], where a similar architecture
was proposed. However, this prototype lacked of several design aspects
and signal processing tasks that severely reduced its performance,
making it useless in a practical situation. The main improvements in-
cluded in this evolution can be summarized as follows:

• Beacon locations are now determined using a metaheuristic search,
in order to minimize the mean Position Dilution of Precision (PDOP)
[32] in the entire location area.

• The temporal and spectral features of the emissions have been
modified to reduce the effects of multipath and Doppler shift, as well
as to minimize the losses caused by the receiver’s microphone. These
modifications are explained in detail in Section 2.2.

• A new algorithm has been implemented to avoid ambiguity between
signals belonging to consecutive emissions.

• A MAI/ISI compensation algorithm has been implemented, com-
pletely redesigning the programming flow of the algorithm pre-
viously developed for a general purpose computer [29].

The next section of this paper presents a complete description of the
ALPS, including design aspects, physical properties of the transducers
and electronics, CDMA processing algorithms and programming.
Section 4 contains the experimental evaluation of the positioning
system, paying special attention to its performance with respect to MAI
outliers rejection and noise addition. In Section 5 these results are
discussed and further improvements of the system are pointed out. Fi-
nally, the most important conclusions of this work are drawn in Section
6.

2. Description of the acoustic local positioning system

The description of the ALPS proposed in this work is depicted in
Fig. 1. As shown, Fig. 1(a) displays a picture of the location scenario
where four acoustic emitting beacons are placed in a restricted volume
inside of a box-shaped room, whose dimensions are detailed in
Fig. 1(b). These beacons are close to the wall which is farthest from the
entrance to the room and with their acoustic axis arranged perpendi-
cular to it, thus allowing optimal signal reception to those users facing
this wall. This configuration is particularly useful for certain types of
LBS such as those designed to provide information to the visitors of a
museum whose exhibits are shown in a single wall, as long as there are
no occlusions of the direct propagation path.

On the other hand, Fig. 1 (c) depicts the PDOP values generated
from the optimal beacons distribution obtained with the help of a Ge-
netic Algorithm (GA). This algorithm was programmed to minimize the
average PDOP value on the whole location area at 1.1± 0.2 meters
height, starting with an initial population of 50 real-coded random
emplacements for the beacons inside the beacon’s location volume (see
Fig. 1 (b)). A single-point crossover probability of 0.7 and mutation rate
of 0.01 were defined, together with a tournament selection method, to
meet a fitness stability convergence criteria within hundred genera-
tions.

The beacons are synchronized between themselves to emit four
encoded acoustic signals that are detected with an unknown time base
from the receiver (an iPad). The iPad identifies the received signals by
correlation and obtains the Time-Differences-of-Arrival (TDoAs) be-
tween a reference beacon and the remaining ones. Finally, from these
TDoAs the iPad computes its position by using multilateration.

The following subsections provide detailed information about the
most relevant aspects of this ALPS, namely, the emitting and receiver
transducers and their associated electronics, the acoustic positioning
signals, the CDMA signal processing method for ToA estimation, the
positioning algorithm, and the real time implementation of these al-
gorithms in the iOS mobile platform.

2.1. Emitter and receiver architecture

The emission architecture is illustrated with the help of Fig. 2. The
coded signals are synthesized using a Virtex 5 FPGA-based board [33],
which has been programmed to simultaneously generate pseudorandom
emissions every 80ms. These digital signals are passed through two
double digital-to-analog converter modules (Digilent PmodDA2 [34]),
and then high-pass filtered to remove the DC offset.

Finally, they are fed to a pair of two-channel audio amplifiers
(Philips TDA8920BTH [35]) powered with a DC source in order to drive
a set of four speakers, see Fig. 3(a). Fig. 3(b), and (c) show respectively
the acoustic directivity pattern and frequency response of the speakers,
as provided by the manufacturer (Visaton CP13 [36]).

As stated before, the receiver module of the ALPS proposed in this
work is an iOS device, particulary we have used a third generation iPad
[37]. The acoustic signal containing the positioning codes emitted by
the beacons is detected by the built-microphone of this device and then
processed by its internal processor (A8X). Fig. 3 (d) shows the fre-
quency response of this microphone, experimentally obtained in our
laboratory (blue dots).
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2.2. Positioning signals

In order to identify each beacon individually, their positioning
signals are encoded with a unique, Binary-Phase Shift Keying (BPSK)
modulated, pseudorandom Kasami code. These pseudo-orthogonal sig-
nals feature good aperiodic correlation properties [38] and Doppler
effect tolerance [39], and for these reasons they are commonly used in

matched filtering-based sonar systems [40–42]. We address now the
choice of two key parameters: carrier frequency and code length of the
positioning signals.

The carrier frequency ( fc) must lie within the combined bandwidth
of the emitter and the receiver (2–20 kHz approximately), and it has
been chosen as high as possible as to avoid causing excessive acoustic
disturbance to normal human activity, but low enough as to maintain a
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Fig. 1. Actual arrangement (a), dimensions of the location environment (b) and PDOP
values and optimal beacons distribution (c). Beacon coordinates are measured with
± 1 mm accuracy by using a laser rangefinder (Bosch GLM80).
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Fig. 2. Connection diagram of the emission ar-
chitecture of the ALPS.
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rather wide emission pattern. For that, we have chosen a carrier fre-
quency of =f 16c kHz, with a root mean square (Gabor) bandwidth of
8 kHz. The spectral density of one of these signals is displayed in
Fig. 4(a). On the other hand, Fig. 4(b) shows the high roll-off of the
receiving system that eliminates 35% of the energy of the acoustic
signal, however we found that the MAI/ISI compensation algorithm
described later offered enough resilience and permitted to eliminate
most of the outliers in the ToAs.

Regarding the Kasami code length, we experimented with 63 and
255 bits signals. Although longer codes provide larger correlation
peaks, shorter codes are more Doppler tolerant (up to 1.5 m/s) [43] and
more robust against multipath. Hence, we finally chose 63 bits Kasami
codes, BPSK modulated with one cycle per bit.

To further study the effect on the ranging signals of the reduced
bandwidth, we emitted a coded signal from a single beacon and re-
ceived it with the iPad placed at a distance of 0.7m, directly in front of
it. Fig. 5 depicts the emitted and received signals, showing the filtering
effects caused by the limited receiver’s bandwidth. The aperiodic

correlation of the received signal with the emitted code is shown in part
(c), along with the ideal correlation. The degradation in the correlation
shape, evidenced especially in the ringing after the first correlation
peak, is due to the intersymbol interference (ISI) [44] caused by the
limited bandwidth of the acoustic channel. This bandwidth limitation is
more pronounced if the position of the receiver is far away from the axis
of the emitter, due to the narrow directivity pattern of the emitter at
high frequencies, shown in Fig. 5(b). Therefore, in order to provide
robust Time-of-Arrival estimates for all beacons, CDMA signal proces-
sing must compensate these two effects: signal degradation due to
limited bandwidth (ISI) and interference between all four emitting
beacons (MAI). These aspects will be considered in the next section.
Finally, Fig. 5(d) represents the crosscorrelation of the ideal and actual
received signals with a different orthogonal code from the same Kasami
family.
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2.3. CDMA signal processing

Determination of the ToAs of the different beacons from the acoustic
signal received by the iPad can be achieved with a correlator bank [45].
However, this direct approach usually produces poor results, as it will
be explained now.

The signal received by the microphone of the iPad is:

∑= ∗ − +
=

r t A h g t t n t( ) ·( )( ) ( ),
j

N

j j j j
1 (1)

where =N 4 is the number of acoustic beacons, g t( )j are the modulated
coded signals, t{ }j and A{ }j are the ToAs and amplitudes of the signals to
be estimated, n t( ) represents the noise, and index j runs from 1 to N.
The effect on the signal of the acoustic channel is introduced in the
convolution term h t( )j . This represents the channel’s impulse response
and it is in principle unknown.

The output of the conventional receiver is formed by correlating r t( )
with all signal codes. For the k-th beacon:

∑= ∗ − + ∗ − +
≠

( )( )R t A h R t t A h R t t η t( ) ·

ISI

·( )( )

MAI

( )rg k k g g k

k
j k

j j g g j

k

k k k k j  
  

(2)

where R t( )g gk j is the cross-correlation of codes g t( )k and g t( )j . As Eq. (2)
outlines, there are two effects which deteriorate the estimation of the
ToAs:

1. Intersymbol Interference (ISI), which is caused by the limited
bandwidth of the acoustic channel (as we saw in Section 2.2), lowers
the correlation peaks and degrades signal’s detection and ranging.

2. Multiple Access Interference (MAI) between all the emitted codes in
which larger amplitude signals difficult the detection of weaker
signals emitted simultaneously; this is called the near-far effect [46].

Combined, both effects can lead to large deviations (outliers) of the
ToA estimates from their true values.

Over time, a number of compensating alternatives for the effects of
ISI and MAI interference have been devised [46]. The approach fol-
lowed in this paper is based on a subtractive technique called Parallel
Interference Cancellation (PIC) [29], in which the amplitude, delay,
and impulse response of the signals from each beacon are estimated
jointly, and the signals are re-encoded (with the proper amplitudes and
delays) and subtracted from the received signal in order to get rid of
MAI and ISI-caused disturbances.

The general scheme of the method adapted from [29] is shown in
Fig. 6, and its steps are detailed now:

1. After the signal is acquired, initial estimates of amplitudes and ToAs
are created by correlating r t( ) with the set of emitted codes g t( )k .
We have used parabolic interpolation in order to achieve subsample
accuracy in both ToA and amplitude estimates [47]. For each
beacon = …k 1 4 we define the set jI of values which represents the
positions where the j-th beacon estimation component is subtracted
from the received signal r(t). In the first step, jI values range from L
samples before the correlation peak sample to the correlation peak
sample. Being L the number of samples of the j-th modulated code,
in our case 378 samples.

2. The beacons are sorted in descending amplitudes, with more pow-
erful beacons being processed first (this provides better immunity to
near-far effects).

3. For the k-th beacon, we form signal r t( )k by subtracting the

0 5 10 15 20 25 30 35 40

S 
em

i (
dB

)

-25

-20

-15

-10

-5

0

Emitted signal

Frequency (kHz)
0 5 10 15 20 25 30 35 40

S 
re

c 
(d

B
)

-50

-40

-30

-20

-10

0

Received signal

(a)

(b)

Fig. 4. Spectral density of emitted and received positioning signals, showing strong roll-
off at 20 kHz.

-1 0 1 2 3 4 5
-1

-0.5

0

0.5

1

Time (ms)
-1 0 1 2 3 4 5

-1

-0.5

0

0.5

1

Time (ms)

(a)

(b)

(c)

(d)

Time (ms)
86 87 88 89 90 91

-200

-100

0

100

200
Real crosscorrelation
Ideal crosscorrelation

Time (ms)
86 87 88 89 90 91

-200

-100

0

100

200 Real autocorrelation
Ideal autocorrelation

Fig. 5. Emitted (a) and received (b) signals, from only one beacon. Ideal versus real
autocorrelation (c) and ideal versus real crosscorrelation (d) of the emitted codes.

T. Aguilera et al. Measurement 116 (2018) 483–494

487



estimated components from all other beacons:

∑ ∑= −
=
≠

−
∈

r t r t
j
j k

A g t t( ) ( )
1

( ^ ),k

N

i
ji j ji

jI



(3)

where index i runs over a set of values jI . The signal r t( )k is the
receiver’s current best estimate of the k-th signal, without inter-
ference from other beacons.

4. We produce an array of M copies of g t( )k by repeatedly correlating
r t( )k with the emitted code g t( )k , and subtracting the estimated
signal. In the context of channel estimation, this is similar to a RAKE
receiver, and the copies of the emitted signal are called fingers [48].
Some of these fingers correspond to the frequency response of the k-
th beacon, while others may be caused by not completely eliminated
interference from the remaining beacons.

5. Among the set ofM computed copies of g t( )k , we must choose one as
the most likely value for the actual k-th ToA. A heuristic criterion
that gives good results consists in maximizing the product of the

similarity of the finger’s decoded signal and the emitted code gk,
multiplied by the finger’s amplitude. Next, we consider that those
signal’s copies that arrive either too early before or too late after the
correct one, are originated by noise or MAI from other beacons, and
discarded.
The remaining set of copies (denoted as kI ) are taken as the esti-
mate of the impulse response of the k-th beacon:

∑∗ ≃ − ′
∈

A h g t A g t t·( )( ) ( ^ ).k k k
i

ki k i
kI


(4)

6. This action is repeated until all beacons have been processed, and
then iteratively from step 2 above. The loop finishes when the en-
ergy of the residual signal obtained by subtracting all codes and all
signal copies from the received signal stops decreasing, or when the
ToAs differ by less than 1μs from those computed in the previous
iteration. This guarantees quick convergence of the iterative
method.

2.4. Estimation of the receiver’s position

Once the processor produces valid ToAs from the respective beacons
(although referred to an unknown time base), hyperbolic multi-
lateration is used by the receiver to estimate its position [49]. This
technique involves measuring the TDoA between the first detected
signal, emitted by the nearest beacon (BN) and the other signals de-
tected subsequently, emitted by the remaining beacons. The locus of the
points that measure the same TDoA between the nearest beacon and a
second one (B1) define a hyperboloid whose focal points are those
beacons. A second hyperboloid intersecting the first one can be ob-
tained from the TDoA between the closest beacon and a third one (B2).
With the help of a fourth beacon (B3), an additional hyperboloid in-
tersecting the previous two in a single point can be obtained to fully
determine the user’s position. Fig. 7 shows a 2D representation of the
multilateration technique.

The user’s position can be obtained algebraically either by solving a
system of nonlinear equations with four beacons or solving a system of
linearized equations obtained by adding an extra beacon. However, in
both cases, small errors in the differential distances measurements

Fig. 6. Block diagram showing the flow of the subtractive parallel interference cancel-
lation technique (adapted from [29]).
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Fig. 7. Planar representation of the multilateration technique.
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could cause important errors in the final position.
Our alternative here is to use the Gauss-Newton optimization al-

gorithm to iteratively resolve the position as a non-linear least squares
problem [50], providing greater robustness without adding any new
beacon, at the expense of increasing the computational complexity. If
we define the differential distance between beacon = x y zb ( , , )i i ii and the
nearest beacon = x y zb ( , , )n n nn from the estimated user’s position

= x y zp ( , , ) as,

̂ = − − − =r ip b p b pΔ ( ) ‖ ‖ ‖ ‖ for 1,2,3.i i n (5)

and the same distances obtained from the measured TDoAs as,

=r cΔ ·TDoA ·i i (6)

then we can build the objective function to be minimized as,

∑=
=

F fp p( ) [ ( )]
i

i
1

3
2

(7)

where ̂= −f r rp p( ) Δ ( ) Δi i i.
Starting from an initial estimation of the position = x y zp ( , , )0 0 0 0 ,

subsequent estimates of this parameter can be obtained by means of the
recursive relation:

= −+
−p p J p f p( ) ( )k 1 k f k k

1 (8)
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Subtractive techniques are not expected to provide perfect inter-
ference cancellation, especially in low Signal-to-Noise Ratio (SNR) si-
tuations (as we will consider in Section 4.2). Since our positioning
system operates without time synchronization (hyperbolic multi-
lateration) and uses exactly the minimum required number of beacons,
ToA outliers cannot be detected by redundancy techniques (like the
parity space [51]). Instead, we have implemented a straightforward
method based in a temporal filter which discards ToA values which
deviate largely from previously determined ones. Although simple, this
technique permits to eliminate most instances of outliers in computed
position.

3. Implementation in the mobile device

The implementation has been performed on a last generation iPad
(iPad Air 2), which is equipped with 2 GB of LPDDR3-type RAM and a
32-bit processor (model APL1012). This processor, called A8X, features
a triple-core CPU at 1.5 GHz (Cyclone 2nd generation) with an ARMv8-
A instructions set. The processes of data acquisition, signal processing
(correlation+MAI/ISI compensation), Gauss-Newton positioning
computation and display of the results have been programmed in an
Objective-C application with a total size of 1.3 MB. Approximately one
third of this size (413 kB) corresponds to the MAI/ISI compensation
algorithm, that takes 80ms on average and 223ms maximum to process
the signals acquired in the buffer length. This algorithm has been set up
to perform a maximum of 10 iterations obtaining 5 fingers per beacon
in each iteration. This configuration produces a 90% probability of
convergence before the fourth iteration. The operating block diagram of
showing all the processes involved in the positioning app is represented
in Fig. 8.

Digital acquisition of an audio signal with an iOS device requires the
configuration of the Audio Queue Services, which is a C programming
interface in Core Audio Toolbox framework, available through The Mac
Developer Library [52]. The audio signals’ acquisition rate was set to the

maximum allowed by the iPad’s hardware (96 kHz), although this re-
sults in a relatively low sampling/ carrier frequency ratio ( =f f/ 6s c ).
The buffer size was set to 8058 samples, so that every 84ms the pro-
gram saves data from the buffer to a pointer in memory. The length of
the signal acquisition window corresponds with the length of two
consecutive coded signal emissions (code+ gap+ code), which guar-
antees that the beacon ranging signal, will be captured entirely inside
the buffer at least once.

After that, these samples are processed by means of the vDSP API
which provides mathematical functions for applications involving data
processing. The existence of an API that facilitates signal processing
tasks was a key reason to choose iOS devices as the development
platform for the implementation of the system.

After data acquisition and all processing tasks, the calculated posi-
tion is displayed to the user. The developed user interface, whose
screenshot is illustrated in Fig. 9, shows the plan of the room, the

Signal Acquisition Process

Signal Correlation Process

MAI/ ISI Compensation Algorithm

G-N Positioning Algorithm

Calculated Point Representation

Stored Correlation Patterns

Fig. 8. Block diagram of the whole iOS positioning app.

Fig. 9. Screenshot of the developed user interface.
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location of the beacons (black squares), the test points (red crosses) and
the estimated position of the user (black circle) at every moment. Also,
a text field for the filename where data are stored is included. Finally
Start, Stop and Exit buttons are included to handle the application.

4. Experimental results

In this section, experimental results from the different tests carried
out to evaluate the proposed system are presented. In these tests, a
comparison between results obtained before and after the application of
the MAI/ISI algorithm is conducted. Besides, the system performance
when different levels of white Gaussian noise are added to the emitted
signals is also studied. Experimental tests have been carried out in a box
shaped room with low acoustic absorption and whose dimensions have
been specified in Fig. 1(b). Inside this room, the LPS is designed to work
in a square area of 3× 3m2 offering positioning errors below 10 cm in
those locations far from walls and beacons (greenish area in Fig. 10).
These errors rise above 20 cm when the receiver is close to a wall
(bluish area in Fig. 10) due to the strong multipath effect. Even worse,
the proximity of beacon 2 to the location area generates a strong MAI in
its surroundings making the system useless in this zone (reddish area in
Fig. 10). This work is focused on solving this later problem, and for this
reason the area of interest has been reduced to a mesh of 1× 1m2 with
25 cm of resolution just in front of beacon 2. In total, a set of 25 test
points (pij) have been specified according to their i-th row and j-th
column at the locations depicted in Fig. 10. For each test point mea-
sured with the laser rangefinder and marked on the floor, the iPad’s
microphone has been placed on its vertical at 1.1 meters height with the

help of a tripod and a plumb-line.

4.1. User’s body echoes

The first experiment that has been carried out is checking the effects
that the user’s presence has on the results. To verify the existence of
these possible effects two experimental tests (with and without the user
presence) are performed, obtaining in each case a set of a hundred
measurements at the center of the area of interest (p22). In both cases
TDoA are obtained using simple correlation and the measured en-
vironmental temperature is 17.1 °C.

In a second experiment, the iPad’s app was modified to start five
seconds later the acquisition process, which is enough for the user to
leave the room until the acquisition is completed. After data processing,
positioning errors are represented by means of two Cumulative
Distribution Function (CDF) graphs.

Fig. 11 shows the results obtained in p22 with the user presence. In
this figure, positioning errors committed in x, y and z coordinates are
represented as red, yellow and purple dashed lines respectively. Be-
sides, the Euclidean norm of the total error = + +l x y z2 2 2 2 is de-
picted as a solid blue line.

Figs. 12 shows the results obtained without the user presence, which
are practically identical to those presented in Fig. 11, with errors below
5 cm for 85% of the measurements. From these results, it can be con-
cluded that the user’s presence does not have a significant effect on the
system performance. From now on, all measurements will be carried
out with the user’s presence as befits a normal use of the iPad.

4.2. Performance and dependence with SNR

As stated before, the system proposed in this work has been de-
signed to operate without time synchronization, and a hyperbolic po-
sitioning method is used. As the system has only four beacons, the
presence of a single outlier in any of the ToAs in a given time slot
renders the system useless for positioning. Two parameters have been
considered to evaluate the performance of the system, namely, the

Fig. 10. Test points, beacon’s location and positioning areas.

Fig. 11. Results with the user presence.

Fig. 12. Results without the user presence.
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mean error committed in positioning and the System Availability (SA),
defined as the percentage of measurements whose error is below the
outliers threshold (50 cm).

For each one of the 25 test points defined above, a hundred of ac-
quisitions of the received signal have been performed and later pro-
cessed to obtain their corresponding ToA, first by simple correlation
and second by applying the MAI compensation algorithm. From these
ToAs a hundred estimations of the iPad’s position have been calculated
in each case, and from them, the mean error and the SA for each test
point have been obtained. The SA at each test point is represented in the
z-axis and the mean error committed is depicted using a color code.
Hence, a good result (high SA with low error) corresponds to a long
greenish bar, whereas a bad result (low SA with high error) is re-
presented by a short reddish bar. Also, we have investigated the effect
of noise on the system performance by adding white Gaussian noise to
the emitted patterns to obtain Signal-to-Noise ratios of 12, 9, 6, 3 and
0 dB.

4.2.1. Simple correlation
Fig. 13 a) presents the mean error and the SA when no Gaussian

noise is added to the emitted signal. This figure shows how those points
near to beacon 2 (row 4) have the worst results. According to Fig. 10,
B2 is the closest beacon to the location area, and for this reason all
points on its surroundings are the most affected by Near-Far (NF) effect.
This phenomenon is a type of MAI where the receiver captures a strong
signal coming from B2 that makes it impossible to detect the weaker
signals coming from the remaining beacons. It can be seen how test
points p42, p40, p32, p21, p23 and p24, are the most affected by this
phenomenon, with a SA close to zero and mean errors that can rise
above 20 cm. There are also other points less affected by MAI such as
p41 and p33 where the SA is around 40% with mean errors below
10 cm. The remaining test points present good results with a SA always

above 80% and mean errors below 10 cm, except points p31, p00 and
p02 that present a slightly larger error.

Also, Fig. 13(b), (c), (d), (e) and (f) show the results when emissions
with SNRs of 12, 9, 6, 3 and 0 dB are considered respectively. As can be
seen, as the SNR of the emitted signals decreases, the SA of those points
affected by MAI also decreases and the corresponding positioning error
increases. Conversely, in those test points where good results are ob-
tained in the absence of noise the system performance is more robust
against a decrease in the SNR.

4.2.2. MAI compensation technique
Next, the same acquired data have been processed using the MAI/ISI

compensation algorithm. Fig. 14(a) represents the mean error and the
SA without adding of Gaussian noise to the emitted signal. A clear
improvement can be observed in these results with respect to those
represented in Fig. 13(a), since now the SA for all test points is close to
100% with mean errors clearly below 10 cm.

Also, Fig. 14(b), (c), (d), (e) and (f) display results when emissions
with SNRs of 12, 9, 6, 3 and 0 dB are used respectively. These figures
show a clear improvement of the performance in noisy conditions when
using the MAI/ISI cancellation algorithm. As expected, the average SA
in the area of interest decreases with increasing noise, although high
values of this parameter are obtained for SNR as low as 3 dB. Only in
the last case considered, with SNR=0 dB, a noticeable worsening of
the results is observed. See, for example, the results obtained in this
case in test points p00, p20, p22, p31 and p34, where the SA has
dropped to values below 30%. In some of these points, such as p00 and
p34, a slight increment of the mean positioning error is also detected.
There are finally other test points, such as p02, p03, p11 and p21, that
exhibit a moderate decrease of SA but with a significant worsening of
the mean positioning error.

As an additional test to demonstrate the improved accuracy

(e) (f)

(b)

(d)

(a) (c)

Fig. 13. Results applying simple correlation: (a) without added noise, (b) SNR 12 dB, (c) SNR 9 dB, (d) SNR 6 dB, (e) SNR 3 dB and (f) SNR 0 dB.
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achieved with the proposed algorithm, the iPad has been moved around
the perimeter of the area of interest, handheld at a height of around
1.1 m above the floor.

Due to the influence that Doppler shift has on the shape of the re-
ceived signals, this trajectory has been carried out at 0.5m/s speed,
thus avoiding errors caused by this phenomenon [43]. Also note that
multipath has not a significant effect on the results since the chosen
trajectory is far from walls. In this experiment no additional noise has
been added to the emitted signals, and just a weak environmental noise
(40 dB) is present. In total, 400 measurements have been acquired with
the iPad along the entire trajectory. A room temperature of 17.4 °C has
been measured at the beginning of the process that translates into a
sound speed of 342m/s used in range computations.

Fig. 15 shows the actual path (black solid line), the beacon’s loca-
tion (black squares) and the positioning results obtained along the en-
tire trajectory, with (blue dots) and without (red dots) MAI/ISI com-
pensation. As shown in this figure, without MAI/ISI compensation a
significant number of outliers is obtained (positioning errors> 50 cm)
which reduce the SA to 50%. These outliers can represent errors greater
than 2 meters in some cases, revealing both a low system accuracy and
a poor reliability under MAI conditions. However, after MAI/ISI com-
pensation these results significantly improve, achieving a SA above
90% and positioning errors below 10 cm. These results are in con-
cordance with the static results obtained in Fig. 14(a), showing that the
system offers good performance and reliability in motion provided the
speed of the receiver is not high enough as to cause a relevant Doppler
shift.

5. Discussion

In the previous sections we have presented the design of an ALPS to
gain accurate positioning within a room of small dimensions. This

system operates with the minimum number of beacons (4) necessary to
ensure positioning by using hyperbolic lateration, and proposes the use
of a commercial mobile device as the receiver module. It was among the
aims of this work to demonstrate that it is possible to get accurate
positioning from a minimal deployment of beacons by using a mobile
device off-the-shelf. As it is well known, this kind of devices suffers
from a significant lack of performance in advanced processing tasks and
a limited bandwidth microphone. However, our system provides similar
precision (errors below 10 cm) and update rate (> 2Hz) than other
general-purpose CDMA-based ultrasonic LPS that use a broad band-
width microphone and specifically designed hardware for the receiver
module [53,54].

Although the system presented in this work is intended to cover a
3× 3m2 area, it could be extended by using several clusters of five
beacons, where each one of them differs from the rest in single beacon
(the cluster identifier) and cover a particular area of the total working
area. Besides, to assist location in uncovered areas, an auxiliary PDR
system based on the portable device’s accelerometer and gyroscope
could be used. This architecture minimizes the number of different
beacons to be identified and thereby reduces the computational cost.
This approach has been already proposed in [55] for a mobile robot that
uses odometry to navigate between nearby clusters.

It is important to remark that the system presented in this work has
been specifically designed to tackle the problem of Multiple Access
Interference that characterizes CDMA-based systems. Other phenomena
that can have a major influence on the performance of an acoustic
system have been deliberately avoided. This is, for example, the case of
Doppler shift caused by the movement of the receiver that has been
investigated by the authors in the past [39,43]. From these previous
studies it is known that the proposed emissions are still detectable at
receiver velocities up to 1.5m/s, which is a reasonable upper limit
when the receiver is being carried by a person. Another important

(e) (f)

(b)

(d)

(a) (c)

Fig. 14. Results applying MAI compensation: (a) without added noise, (b) SNR 12 dB, (c) SNR 9 dB, (d) SNR 6 dB, (e) SNR 3 dB and (f) SNR 0 dB.
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phenomenon is multipath, whose effect has been minimized in this
work by installing the system in an empty room and establishing the
area of interest in a region away from the room walls. Finally, en-
vironmental temperature is also a parameter that deserves some con-
sideration in airborne acoustic systems, since it has a relevant influence
on sound speed. In this work an homogeneous temperature distribution
has been assumed, further evolutions of the proposed system may in-
corporate a network of temperature sensors strategically distributed
around the environment from where a more realistic temperature dis-
tribution could be modeled and used to enhance the system accuracy.

It is also worth mentioning that the audible transient effects pro-
duced between emissions should be considered in a final commercial
version of this system. These sounds cause a relatively small increment
of 7 dB (from 40 to 47 dB) in the A-weighted room noise level that we
all agree, even the youngest author, to consider largely bearable. A
similar perception was expressed by the authors in [27] when com-
paring three different multiple access methods in a audible sound LPS.
However, we share with these authors the opinion that a detailed
psychoacoustic study with a wider target population would be required
to assess the annoyance factor and other metrics.

Finally, note that the field of mobile devices is constantly evolving
and provide shorter and shorter processing times. This will allow the
implementation of more complex processing tasks to improve the per-
formance of the MAI/ISI algorithm, as for example the use of the more
efficient GCC-PHAT correlation function proposed in [27].

6. Conclusions

This work describes an acoustic local positioning system (ALPS)
suitable for indoor positioning of portable devices such as a smartphone
or a tablet computer, and based on the transmission of high frequency,

CDMA-coded signals from a fixed beacon network to a mobile device.
The system permits localization of the device (and the user carrying it)
with enough accuracy for most Location-Based Services (LBS) in places
such as museums, airports and malls. The most remarkable novelties of
our ALPS are its feasibility to be implemented on smartphones and
tablets (the user only needs to download and install the app) and its
capability to use a CDMA scheme for localization, including MAI/ISI
compensation techniques which mitigate range measurement de-
gradation and the multiple access interference between the different
beacons. The ALPS has been implemented in an smart device in order to
take advantage of its hardware and processing performance. Signal
reception, processing and estimation of position all take place within
the tablet computer, operating at real time and with a position update
of 2 Hz. It is important to remark that, although the detection appli-
cation has been implemented in an iOS based platform, its extension to
other mobile platforms such as Android or Windows Phone is feasible
with some minor changes relative to the programming languages.

Experimental results show that the ALPS works successfully in in-
door environments, eliminating most MAI/ISI effects and it is able to
produce a position estimate with accuracy of 10 cm for 90% of the
measurements in the region of interest. Also, the MAI/ISI algorithm has
demonstrated to be robust against noise allowing reliable positioning
with SNR levels as low as 3 dB.
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