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a b s t r a c t

The surroundings of underground mining machines represent a hazardous zone for miners due to
bad visibility conditions for the engine driver. Within the EU-funded project FEATureFACE, we have
developed a prototype system for the estimation of the miners’ positions around a machine employ-
ing time-of-flight measurements based on audible sound signals. We aimed at 2D-localization
within a range of 10 m, and at the determination of a miner’s distance within a range of 50 m.
Our system consists of a base station located at the machine’s side that comprises a set of six loud-
speakers, and mobile tags that are worn by the miners. Individual sound signals are emitted by the
loudspeakers and received at a mobile tag via a microphone that is mounted on the miner’s hard
hat. Our system not only provides continuous estimates of the miners’ positions, but also yields
estimates of the velocity and direction of their movement. We have evaluated the performance
of our system in a parking-garage and in a training-mine. With regard to the stationary localization,
our results show that our system provides an accuracy down to below 25 cm and a precision lower
than 2 cm.

Ó” 2015 Elsevier Ltd. All rights reserved.

1. Introduction

Blind spots still lead to hazardous situations in coal mines,
especially in the surroundings of large machines such as bolter
miners. The EU-funded project FEATureFACE aims at the develop-
ment of a collision avoidance system (CAS) by integrating various
systems of the project partners, such as radar and a system based
on magnetic fields. Within our part of the project, we aimed at 2D-
position estimation within a range of 10 m and distance estimation
up to 50 m. Complementing the CAS components developed by our
project partners, we developed a localization system based on
time-of-flight (ToF) measurements applying acoustic signals1

which provides the potential of high localization accuracy. The first
obvious choice of a frequency range would have been ultrasound
(!40 kHz) which would have had the advantage of being inaudible.
However, as the atmospheric attenuation increases with f 2 [1] which
precludes distance measurements within the desired range, we have
chosen to use audible signals.

The power consumption of the mobile tag that is worn by a
miner constituted an important constraint with respect to the sys-
tem design. Although the miners carry batteries that supply their
lamps, the capacity of these batteries is, naturally, limited. Hence,
the mobile tag needs to be designed as to keep the power con-
sumption as low as possible. As the emission of loud acoustic sig-
nals requires a lot of power, and as it is easier to construct an
adequate omnidirectional microphone than an omnidirectional
loudspeaker mounted on a hard hat, we have chosen the mobile
entity to act as a receiver.

The acoustic environment in a mine can be described by the fol-
lowing features. First, the acoustic machine noise needs to be con-
sidered. At the miner’s side, both the machine noise and the
measurement signals are subject to reverberation contributes to
the total amount of noise. Moreover, the measurement signals
are reflected at the walls of the mine leading to multipath propaga-
tion. If any obstacles are present between the machine and the
miner, the line-of-sight is disrupted. This latter scenario is not
yet considered in our system.

As our position estimation system needs to deal with a noisy
acoustic environment, we chose frequency-modulated (FM) mea-
surement signals which exhibit beneficial time-bandwidth charac-
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teristics. In addition, our system was designed as to be able to con-
sider the Doppler-shift of the measurement signals that occurs as
soon as the miners are moving.

Equipment used in underground coal mines is required to be
ATEX2-certified. This requirement complicates the selection of
appropriate electro-acoustic transducers. Our project partner Becker
Mining Systems provided loudspeakers which are already ATEX-
certified, and which we have incorporated in our system for conve-
nience. As we will present below, the frequency range of these loud-
speakers is limited, and thus confines the range that may be utilized
for our measurements.

This paper is structured as follows. Section 2 presents related
work regarding position estimation methods, with focus on time-
of-flight systems. In Section 3, we describe the prototype system
we have developed. Then, we present the measurements that we
have carried out in Section 4, and the corresponding results in
Section 5. Finally, we conclude the paper in Section 6.

2. Related work

Methods for the estimation of an object’s position have
been studied for a long time now. In the following, we will
briefly present the basic wireless position estimation tech-
niques, and give selected examples of acoustic position estima-
tion systems related to the localization method presented in
this paper.

Time-of-flight (ToF) or time-of-arrival (ToA) systems are
based on the measurement of the absolute time that a signal
takes from emission to reception. From the ToF, distances are
calculated, and the object’s position is estimated using trilatera-
tion. In Time-
Difference-of-Arrival (TDoA) systems, the differences of the arri-
val times at a set of receivers are employed from which the
source can be located. From the application of an array of recei-
ver sensors, the angle-of-arrival (AoA) can be estimated. More-
over, the utilization of the received signal strength by means
of a respective indicator (RSSI) enables the estimation of the dis-
tances among a set of transmitters and receivers. For detailed
descriptions of wireless position estimation techniques and sys-
tems, we refer to [2].

In sound source localization, the position of sound sources can
be estimated employing time delays measured among the sensors
of a microphone array. As we deal with a single microphone recei-
ver, we do not elaborate on this topic, but refer the interested
reader to [3,4]. In the following, we will briefly review selected
acoustic localization systems.

The Active Bat [5] and Cricket [6] systems both utilize ultra-
sound (US) signals for position estimation based on ToF measure-
ments. In the Active Bat system, the mobile entity sends the
signal to a fixed set of receivers. In the Cricket system, an US range
measurement signal and an RF (radio frequency) trigger are sent by
beacons fixed on the ceiling or walls and received at the object to
be localized. The location is then calculated at the object’s side
allowing for the confidentiality of the location information. The
ASSIST [7] system is based on commercial off-the-shelf smart-
phones which transmit high-pitched FM signals. The location of
the smartphone is then determined using the TDoA measured at
fixed receiver stations.

In order to be able to distinguish the ranging channels used in
simultaneous measurements, coding, such as spread spectrum
techniques, can be applied to the individual measurement signals.
In the DOLPHIN [8] system and in the system proposed in [9],
Direct Sequence Spread Spectrum (DSSS) is used applying a 511-

bit Gold code, in the 3D-LOCUS [10] system a 32-bit Golay code
is employed. All these systems modulate their signals using Binary
Phase Shift Keying (BPSK).

As soon as the object to be localized moves, the Doppler-shift
needs to be considered. The system presented in [11] employs a
DSSS system applying Gold codes and a RAKE architecture allowing
for the detection of heavily Doppler-shifted US signals. In [12], an
US system is presented that is capable of compensating for the
Doppler-shift for the correct determination of the 3D position
and velocity of a moving object.

3. Acoustic positioning prototype system

In this section, we present our prototype system for acoustic
positioning in detail. First, we describe the position estimation
method on which we have founded our system. Then, we specify
the prototype system we have developed.

3.1. Acoustic position estimation

3.1.1. Measurement principle
Our system is based on ToF measurements that are per-

formed by emitting a particular audible measurement signal
sðtÞ from a loudspeaker, and by simultaneously recording the
signal at the location of interest, i.e. at the miner’s side, employ-
ing an omnidirectional microphone. From the ToF tToF we may
calculate the distance r between the miner (mobile tag) and
the loudspeaker

r ¼ tToF % cS; ð1Þ

where cS represents the speed of sound (cS ! 346 m=s at a temper-
ature of 24 °∞C).

The speed of sound depends on the actual temperature at the
location of measurement, thus, we need to take the temperature
into account utilizing the following approximation:

cS ¼ 331:5
m
s
þ 0:6 % ð#'ÿ 273:15 KÞ % m

s K
ð2Þ

in m/s, with # representing the actual temperature in K. As we will
present below, our prototype system is equipped with a tempera-
ture sensor by the use of which temperature variations are
considered.

From the distances measured towards two loudspeakers simul-
taneously, the position of a mobile tag can be determined using
bilateration, given that the mobile tag may be assumed to reside
on a particular half of the loudspeaker axis. For a simplified setup,
this principle is depicted in Fig. 1. On a trigger signal, the measure-
ment signals are emitted and recorded at the same time. From the
correlations of the recorded signal with the original signals, the
ToF, and thus the distances, can be estimated. Finally, the position
of the mobile tag is estimated. In the following, we describe this
process in detail.

3.1.2. Measurements signals
The environment around a mining machine features a consid-

erable amount of acoustic noise. At frequencies below 1 kHz, the
sound pressure level is larger than 90 dB decreasing to about
50 dB at 8 kHz (cf. [14], measured at the back of a roadheader
mining machine of our project partner SANDVIK mining). Hence,
a linear frequency-modulated (LFM) signal (chirp) would be a
good choice of a measurement signal due to its beneficial
time-bandwidth characteristics. However, as the miners are2 Atmosphère Explosible, an EU safety directive.
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moving around the machine, we need to take the Doppler-shift
[15] into account. This frequency-shift causes distortions in the
correlation signals of LFM signals [16,13]. Hence, we have
applied pairs of hyperbolic frequency-modulated (HFM) signals
(cf. Eq. (3) [17,18]) by the use of which these distortions can
be highly reduced.

sHFMðtÞ ¼ WðtÞ % sin 2p
b

ln 1þ bf0tð Þ
! "

ð3Þ

with

b ¼ f 0 'ÿ f 1
f 0f 1Ts

: ð4Þ

The frequencies f 0 and f 1 denote the start and stop frequencies, Ts

represents the signal duration, and WðtÞ denotes a potential
windowing function. Choosing f 0 < f 1 results in an up-chirp
signal, while the choice of f 0 > f 1 results in a down-chirp signal.
Combining an up-chirp and a down-chirp signal allows for a com-
pensation of the Doppler-shift as the correlation peaks of these sig-
nals are always shifted in opposite directions regardless of the
direction of the movement. A detailed exploration of the application
of HFM chirp signals is given in [14]. In our system, the individual
HFM chirp signals are distinguished by the choice of their start-/
stop-frequencies (cf. Section 3.2.1).

3.1.3. Correlation processing and peak-picking
As soon as the received signal sr is available, an estimate of

the cross-correlation between sr and the measurement signals
sm;p;q

sc;p;qðsÞ ¼
Z 1

'ÿ1
srðtÞ % s(m;p;qðt þ sÞdt ð5Þ

can be computed. For efficiency reasons, we facilitate the FFT (Fast
Fourier Transform) function available on our DSP board, in order to
calculate the correlation signal in the frequency domain as follows.

sc;p;q ¼ F'ÿ1fFfsrgFfsm;p;qg(g; ð6Þ

where F denotes the Fourier transform, and Ffsm;p;qg( are conjugate
complex Fourier transforms of the original chirp signals of channel
p ðp 2 f1;NLSg, where NLS is the total number of loudspeakers). Var-
iable q identifies the individual chirps per channel ðq 2 f1;2gÞ. For
complexity reasons, the transforms Ffsm;p;qg( were calculated off-
line beforehand, and saved on the mobile tag.

Potential reflections of the measurement signals in the mine
environment may result in higher correlation peaks than the
peak of the line-of-sight signal as illustrated in Fig. 2. Thus, we
have applied a peak-picking algorithm (cf. Algorithm 1) that
determines the most prominent peaks from which the multi-
path components may be disregarded. As an input, the maxi-
mum number of peaks to be picked Npk, and a threshold level
sth above which maxima are searched for, are given. In our pro-
totype system, the threshold is based on a multiple of the med-
ian of the entire correlation signal:

sth ¼ 10 %median sc;p;q
#ÿ $

ð7Þ

Moreover, parameter dmax represents the maximum drop rel-
ative to the global maximum correlation amplitude A1 (e.g.
dmax ¼ 0:25, cf. the dot and dash line in Fig. 2), while parameter
dmin defines the minimum amplitude level relative to a particular
amplitude Ak that is considered to belong to a single peak k (e.g.
dmin ¼ 0:95, also indicated in Fig. 2) [13]. As a next step, the peak
area is extended following a strictly monotonous slope at both
sides. This task is important as the peak area is later set to zero
in order to allow for the identification of further potential peaks.
As to improve the precision of the peak parameters, parabolic
interpolation is applied to the results of the peak-picker, i.e.
amplitudes Ak and indices ik. This procedure results in the corre-
lation indices îp;q and amplitudes bAp;q of a maximum of Npk

peaks.

Algorithm 1. Peak-picking algorithm.

1: procedure PeakFinder (Npk; sth; dmax; dmin)
2: Define entire signal as search interval; k = 1
3: while any value in sc > sg and k 6 Npk do

4: Find maximum within search interval
5: Discard peak if Ak < dmax % A1 and exit
6: Extend peak to the left and right until

A < dmin % Ak

7: Follow strictly monotonous slope to the
left and right

8: Interpolate the peak maximum bAk and index îk
around the peak found

9: Set peak area to zero
10: Define search interval from 0 to ik; k++
11: end while

12: return

bA; î
13: end procedure

Fig. 1. Acoustic positioning principle (from [13]).
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3.1.4. Distance, position and velocity estimation

Now that a maximum of Npk peaks are picked, the respective
distances can be derived. First, the estimated ToA t̂p;q are
calculated.

t̂p;q ¼ îp;q %
1
f s
; ð8Þ

where f s is the sampling frequency.
In each channel, an up-chirp and a down-chirp are transmitted

simultaneously. Therefore, given the estimated ToA t̂p;q, the
estimation of the ToF ŝp, the distances r̂r;p and the radial velocity
v̂r;p requires some more calculations [18]:

ŝp ¼
1
2

t̂p;1 þ t̂p;2 'ÿ /̂p
1

bp;2f 0;p;2
þ 1
bp;1f 0;p;1

 ! !
ð9Þ

with

/̂p ¼ ðt̂p;2 'ÿ t̂p;1Þ
1

bp;2f 0;p;2
'ÿ 1
bp;1f 0;p;1

 !'ÿ1

; ð10Þ

resulting in an estimated distance of

r̂r;p ¼ ŝp % cS: ð11Þ

The radial velocity can be computed using

v̂r;p ¼ 1'ÿ 1
1'ÿ /̂p

 !

% cS; ð12Þ

where v̂r;p is positive when the receiver moves away from the
transmitter.

Since we assume that the mobile tag must be located on one
particular half of the loudspeaker axes, we estimate the 2D-posi-
tion of the mobile tag based on bilateration, i.e. the intersection
of the circles spaned by the estimated distances from two particu-
lar loudspeakers. Details about the complete position estimation

algorithm we have applied in our prototype system are given in
Section 3.2.3.

3.2. Prototype setup

The complete prototype system consists of a base station that
drives six loudspeaker pairs/triples, and a number of mobile tags
to be worn by the miners. This setup is illustrated in Fig. 3. As

Fig. 2. Peak-picking applied to a correlation signal. Note that, for illustration
purposes, the x-axis denotes the distance (not the correlation indices).

Fig. 3. Prototype system setup. The wide arrows indicate the directions of emission
of the measurement signals.

Fig. 4. Magnitude response of the ATEX loudspeaker model in use.

Table 1

Measurement signal parameters for the up-chirp signals.

LS no. f 0 (Hz) f 1 (Hz)

LS1 1500.0 6500.0
LS2 1937.5 6937.5
LS3 2375.0 7375.0

LS4 2812.5 7812.5
LS5 3250.0 8250.0
LS6 3687.5 8687.5
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the main software components, the base station runs the position
estimation algorithm and an automatic gain control (AGC)
algorithm.

3.2.1. Base station
The base station contains an industrial PC running the main

application in Matlab which itself controls the measurement
procedure and calculates the estimated positions of the mobile
tags. In order to start a measurement, the application sends a
trigger signal to a set of three DSP boards3 from which six mea-
surement signal pairs ðp 2 f1 . . .6gÞ of 360 ms are played out via
the codecs, amplified and emitted by the respective ATEX-loud-
speaker clusters LS1–LS6. The ATEX-loudspeakers have been
grouped in pairs or triples as to obtain wider directional charac-
teristics of the sound emission. The main directions of emission
are indicated by the wide arrows drawn in Fig. 3. As mentioned
in the Introduction section, we have used ATEX-certified loud-
speakers of which the frequency range is limited. The loud-
speaker’s frequency response is shown in Fig. 4.

Our aim was to use signals exhibiting a bandwidth of 5 kHz
that are separated by an appropriate amount of frequency shift
as to be distinguishable in the correlation procedure. The fre-
quency ranges of the six measurement signals are given in
Table 1.

To be able to derive the correct speed of sound, the base sta-
tion contains a temperature sensor. A number of relays provide
for the activation of, e.g. signaling lights ‘‘warning’’ (orange),
and ‘‘alarm’’ (red). An RS-485 data connection allows for com-
munication with the host computer system on the mining
machine. For test purposes, the base station PC may be remotely
controlled via a LAN connection. All elements of the base station,
except for the loudspeakers and the signaling lights, are built
into a robust box.

3.2.2. Mobile tag
Each mobile tag consists of a DSP-board connected to an RF-

module. Upon a received RF-trigger, the measurement signals are
recorded via a microphone that is attached to the miner’s hard
hat. In order to be able to receive the best signal quality possible
from all directions, three microphones were arranged in a triangle
(120°∞) on a pre-amplifier board. The board itself was fixed on a cus-
tom-made housing (3D-print) which perfectly fits the hard hat.
Finally, a protection grille has been added. The entire construction
and the resulting directional characteristics of the microphone are
shown in Fig. 5.

As we aimed at a maximummeasurable distance of 50 m which
corresponds to a ToF of 50 m

340 m=s ¼ 147 ms, we have chosen a total
recorded signal length of 512 ms (360 msþ 147 ms ¼ 507 ms). At
a sampling frequency of f s ¼ 32 kHz, this corresponds to a sample
length of NS ¼ 16;384. From the recorded signals, the correlation
signals are derived for each pair of HFM chirps applying the
onboard FFT calculation capabilities of the DSP-board, and the
respective peaks are determined (cf. Section 3.1.3). Additionally,
a noise estimate is calculated, which supports the automatic gain
control algorithm described below. The correlation peak informa-
tion is sent back to the base station together with the noise esti-
mate via the radio-link.

The timing of the measurement procedure is summarized in
the qualitative illustration shown in Fig. 6. After sending a trig-
ger signal to the mobile tag via the RF-module (radio-frequency),
the audio measurement signals are emitted from the loudspeak-
ers. Simultaneously, the signals are recorded at the mobile tag’s
DSP via the microphone mounted on the hard hat. After process-
ing the recorded signal, the mobile tag returns their individual
results to the base-station via another RF-transmission in a ded-
icated time-slot.

3.2.3. Position estimation algorithm
Based on the correlation peak information returned from the

individual mobile tags, and on information on the loudspeaker

Fig. 5. Microphone attached to the miner’s hard hat and its directional characteristics within the frequency range of interest.

3 TI TMS320C5515 eZdsp USB, including stereo audio codecs.
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positions and directions of emission, the position estimation algo-
rithm calculates estimates of the tags’ respective positions and
velocity vectors.

From each mobile tag, and for each of the six channels p,
the base station receives the indices and amplitudes of up to
three peaks per sub-channel (up-chirp/down-chirp). The first
task of the algorithm is to associate up-chirp and down-chirp
peaks to pairs, since when multiple peaks are available per
channel, every combination may be a valid candidate for the
actual estimate. For each associated pair ðk1; k2Þ, the radial dis-
tance rr;k1 ;k2 and velocity vr;k1 ;k2 are calculated using (11) and
(12). From the resulting peak-pairs, erroneous estimates are
ruled out by setting a maximum radial distance rmax and a
maximum velocity vmax.

We furthermore derive a weighting factor for every combina-
tion under the assumption that under multipath conditions—
where we will encounter multiple peaks—it is likely that for mov-
ing targets, peaks from the direct and reflected paths are shifted in
the same direction in the correlation signal by approximately the
same amount. Essentially this means that under the influence of
Doppler shift, the general shape of the correlation signal is approx-
imately identical for the up- and the down-chirp. If we compute
another correlation svc;p of sc;p;1 and sc;p;1, then this signal as a func-
tion of Doppler will attain its maximum for the correct shift
between the two signals. Since in the base station only the most
significant peaks and their amplitudes are available, we must com-
pute estimates of sc;p;q as

ŝc;p;qðsÞ ¼
X

k

Ap;q;kf peakð~sp;q;kÞ; ð13Þ

with

f peakðtÞ )
1
2

1þ cosð2ptÞð ÞrectðtÞ; ð14Þ

and

~sp;q;k ) ðs'ÿ t̂p;q;kÞ %
1
4
ðf 1;p;q 'ÿ f 0;p;qÞ; ð15Þ

where each peak is approximated by a raised cosine function of
width 4

f 1;p;q'ÿf 2;p;q
. The virtual correlation between the two recon-

structed signals is then

svc;pðhÞ ¼
Z 1

'ÿ1
ŝc;p;1ðsÞŝc;p;2ðsþ hÞdh; ð16Þ

which, evaluated only at the points of h where a peak k1 from the
up-chirp exactly matches a peak k2 from the down-chirp, i.e.

h ¼ hp;k1 ;k2 ) t̂p;2;k2 'ÿ t̂p;1;k1 ; ð17Þ

(16) can be roughly approximated as

svc;pðk1; k2Þ u
X

j1

X

j2

Ap;1;j1Ap;2;j2 f
2
peakð~~sp;k1 ;k2 ;j1 ;j2 Þ; ð18Þ

where

~~sp;k1 ;k2 ;j1 ;j2 ) 'ÿðt̂p;2;j2 'ÿ t̂p;2;k2 Þ %
1
4
ðf 1;p;2 'ÿ f 0;p;2Þ

'ÿ ðtp;1;j1 'ÿ t̂p;1;k1 Þ %
1
4
ðf 1;p;1 'ÿ f 0;p;1Þ: ð19Þ

In the next step, every combination of two remaining distance
and velocity estimates from different channels p1 and p2 are
combined in terms of circle intersections that lead to at most two
position estimates rg for every combination. That is, we find solu-
tions to

krg 'ÿ rLS;p1k ¼ rr;p1 ; ð20Þ
krg 'ÿ rLS;p2k ¼ rr;p2 ; ð21Þ

Fig. 6. Qualitative illustration of the timing of the measurement procedure.
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where rLS;p is the position of loudspeaker p in global coordinates.
Combinations are ruled out if no circle intersection is found. For
every valid global position rg a global velocity vector vg can be
derived by solving

vr;p1krg 'ÿ rLS;p1k
vr;p2krg 'ÿ rLS;p2k

% &
¼

r

T
g 'ÿ r

T
LS;p1

r

T
g 'ÿ r

T
LS;p2

" #
vg ð22Þ

Again, combinations where the length of vg is larger than vmax are
ruled out, which further reduces the number of potential candidates
for the mobile tag position and velocity.

In the last step, a number of weights w are combined by multi-
plication to allow for the final selection of the position candidate
that best fits the given peak data. In detail, the weighting criteria
are.

* Estimates at low correlation indices and therefore low radial
distance receive a higher weighting

w /
Y

p

1
rr;p

: ð23Þ

* Apply weighting based on the virtual correlations. A higher
value of svc indicates a better fit of the Doppler-shifted up-
and down-chirp signals.

w / svc: ð24Þ

* Consider the relative position of the estimate with regard
to the loudspeakers’ directional characteristics HLS;p;lp ð/; hÞ
in azimuth / and elevation h. The mounting angle of
every loudspeaker is incorporated by appropriately
rotating the corresponding characteristics in space. The
characteristics of multiple loudspeakers at a single location
are added. A position candidate in front of a loudspeaker is
therefore weighted higher than a candidate behind a
loudspeaker.

w /
Y

p

X

lp

HLS;p;lp uðrg 'ÿ rLS;pÞ; hðrg 'ÿ rLS;pÞ
#ÿ $

: ð25Þ

* Determine to which extent the estimate fits to the estimates of
other channels. Under the assumption that a candidate reflects
the correct global position and velocity, the theoretical radial
distances and velocity for every channel p are computed using
(20) and (22) and further to theoretical peak positions in the
up- and down-chirp correlation signals by solving (9)–(12) for
t̂p;1 and t̂p;2. Using the approximate correlation signal (13), the
weight is then computed as

w /
X

p

X

q

ŝc;p;qðtp;qÞ: ð26Þ

* Prediction model: Weigh current estimates by how well they fit
the prediction rg;pred½n, and vg;pred½n, of the position and velocity
in measurement cycle n based on the final estimates rg½n'ÿ 1,
andvg;pred½n'ÿ 1, in the previous cycle n'ÿ 1, assuming the miner
to move with constant velocity. The time duration between
cycles n'ÿ 1 and n is denoted by Dt½n,.

rg;pred½n, ¼ rg½n'ÿ 1, þvg½n'ÿ 1,Dt½n, ð27Þ
vg;pred½n, ¼ vg½n'ÿ 1, ð28Þ

The weights for every candidate rg; vg are computed as an argu-
ment to a Gaussian centered on the predictions with a variance

expanding over time to accommodate missing data, unknown or
longer cycle times, i.e.

w / 1ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2pDt½n,r2

r

p e
'ÿ

krg'ÿrg;predk
2

2Dt½n,r2r ð29Þ

w / 1ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2pDt½n,r2

v

p e
'ÿ

kvg'ÿvg;predk
2

2Dt½n,r2v ð30Þ

* Rule out positions that are located at the machine’s side or in
other areas known to be physically inaccessible by configuring
an arbitrary number of polygonal areas.

The candidate with the highest aggregate weight is selected as
the final estimate.

As soon as the position of a particular tag is estimated, the algo-
rithm assesses whether the tag remains in the pre-defined alarm-
or warning-zone. If so, it may initiate the respective measures such
as turning on the signaling lamps.

3.2.4. Automatic gain control
The movements of the miners around the machine result in

varying signal-to-noise ratios (SNR) of the measurement signals
recorded at the individual mobile tags. As to be able to maintain
a certain level of signal quality, we have implemented an auto-
matic gain control (AGC) algorithm that sets the volume of the
individual loudspeakers as such that a given minimum signal level
is received at the mobile tags.

Therefore, at a particular tag’s side, the correlation peak posi-
tions and amplitudes are calculated along with an estimate of
the out-of-band noise power estimate Pn of the out-of-band spec-
trum So outside the measurement signals’ frequency range as
denoted in (31).

Pn ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1
N

X
S2o

r
; ð31Þ

where the spectrum So ranges from 0 to 1367 Hz (frequency bins
0 to 700) and from 8820 to 15,998 Hz (frequency bins 4516 to
8191).4

This set of information, i.e. peak indices and amplitudes,
and noise estimate, is sent to the base station from each
mobile tag via the RF-Interface. From that data, the base sta-
tion calculates an SNR-estimate dSNRp;q for each mobile tag fol-
lowing (32).

dSNRp;q ¼ ac;p;q
Pn;p;q

; ð32Þ

where ac;p;q denotes the amplitude of the correlation peak
chosen by the position estimator. From the two SNR-esti-
mates per loudspeaker channel p (upchirp and downchirp),
the lower value is chosen for further processing in the
AGC algorithm.

Depending on the loudspeaker channels used to estimate the
position of a particular tag, the volumes of the respective mea-
surement signals are controlled by a linear integrating discrete
time controller via the volume control of the DSP-boards’ audio
codecs as to reach a target signal quality SNRtar for that tag. If
more than one tag is in reach of a certain loudspeaker, the low-
est SNR-estimate is taken into account. The fixed target values

F. Hammer et al. / Applied Acoustics 92 (2015) 61–74 67



Fig. 7. Flow diagram of the automatic gain control algorithm.
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were set as to allow for the successful performance of the posi-
tion estimation algorithm. Fig. 7 presents the flow-diagram of
the AGC algorithm.

The entire control-loop is shown in Fig. 8. The upper part pre-
sents a block diagram of the control algorithm, while the lower
part illustrates the situation in the mine.

The set-point for the loop is the target value SNRtar, while
the measured SNR-estimate SNRact constitutes the feedback sig-
nal. The discrete-time entire error signal e(k) is calculated as
follows:

eðkÞ ¼ SNRtarðkÞ 'ÿ SNRactðkÞ þ g % DuLSðkÞ; ð33Þ

where g = 0.5, and g %DuLSðkÞ constitutes an anti-windup branch
that takes the limiter into account (see below).

The discrete time transfer function of the linear integrating con-
troller is given in (34).

RðzÞ ¼ K I

z'ÿ 1
; ð34Þ

with integration constant K I ¼ 0:2 (sample time Td ¼ 1 s). The state
space model for this controller is given by

xðkþ 1Þ ¼ a % xðkÞ þ b % eðkÞ; ð35Þ
yðkÞ ¼ c % xðkÞ; ð36Þ

with a ¼ 1 and b ¼ 0:5, and c ¼ 0:4.
The term yðkÞ corresponds with the target SNR from which the

algorithm calculates the required loudspeaker voltage as follows:

uLS;rms ¼
ffiffiffiffiffiffiffiffiffiffiffiffi
R % PN

p
% 10

yðkÞ
20 ; ð37Þ

where R ¼ 16 X denotes the loudspeaker impedance, and PN repre-
sents the noise power which is assumed to be 10 mW. Any devia-
tion of this assumption will be corrected by the controller.

The calculated voltage uLS;rms is limited to a maximum of 20
Vrms. In case of a limitation, the difference between the original
and the limited voltage DuLSðkÞ is fed back to the controller via
the wind-up loop.

In the last step, uLS;rms is converted to the respective gain value
of the codec amplifier.

4. Measurements

We have evaluated the performance our prototype system in a
mine-like environment (parking garage) at our premises and in a
training mine of our project partner RAG in Recklinghausen, Ger-
many. The tests comprised scenarios with and without noise, sta-
tionary measurements of the mobile tags’ 2D-positions and
distances, and a qualitative study of the system’s performance in
a scenario in which miners move around the machine.

4.1. Noise measurements in mine-like environment

In a first evaluation of our prototype system, we have carried
out performance tests in the parking garage at our premises at
the University of Linz. A parking garage provides an acoustic envi-
ronment similar to a mine with respect to size, reverberation and

Fig. 8. Control-loop of the automatic gain control algorithm for a single signal channel.
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multipath propagation. Due to the smooth surface of the concrete
walls, the characteristics of reflections may even be more distinct
than in a real mine.

The six loudspeakers were mounted on a wooden platform fixed
on a scaffold at a height of 1.75 m. At the same height, the mobile
tags were attached to a track. We have placed acoustic absorber
plates between the loudspeakers as to reduce the cross-talk
between the measurement signals as it would be the case in a real
scenario. At the center of the loudspeaker setup, machine noise
was emitted by a separate loudspeaker (LSN). The test setup is
illustrated in Fig. 9.

In this paper, we present two scenarios of stationary position
measurements. In the first scenario, a total number of N ¼ 100
measurements were carried out in the absence of noise. Then, in
the second scenario, we played road-header machine noise that
was recorded at the premises of our project partner SANDVIK.
The sound pressure level (SPL) of the noise was 87 dB at the posi-
tion of TAG0. Additionally, both the signals and noise were

recorded at the same position. From the recordings, we calculated
the respective SNR levels of +5 dB (no noise) and 'ÿ19 dB (including
machine noise). Note that, even if no noise is present, the signals
cause reverberation which constitutes an inherent noise
component.

4.2. Measurements in a training mine

As an essential part of the FEATureFACE project, we have carried
out test measurements applying our prototype system to a wide-
bucket excavator5 in a training-mine.

4.2.1. Stationary measurements
In the first part of our measurements, we have attached five

mobile tags to supporting stands and arranged them at fixed posi-
tions around the excavator. Fig. 10 presents a picture of the sta-
tionary measurement setup. One of the mobile tags was located
outside the warning zone, while the remaining four tags were posi-
tioned within.

4.2.2. Distance measurements
The next experiment was concerned with the performance of

our system with respect to the measurement of the tags’ distance
to the machine. We have thus distributed five tags along a gallery
at distances of 10–45 m from the nearest loudspeakers. The setup
of the distance determination measurements is shown in Fig. 11.

4.2.3. Moving tag measurements
As a real-life test, five persons carrying the mobile tags and hard

hat microphones slowly moved along a given path set around the
machine. The purpose of this procedure was to obtain data for a
qualitative analysis of the position and velocity estimates in a sce-
nario in which the miners are actually moving at a slow velocity.

5. Results and discussion

This section presents the results of the measurements we have
carried out in the training-mine in Recklinghausen.

Fig. 9. Test setup in the parking garage.

Fig. 10. Stationary measurement setup in the training-mine. The loudspeakers
were mounted on a construction of wooden tracks which itself was fixed to the
mining machine. The hard hats (circle marks), and mobile tags were mounted on
supporting stands.

Fig. 11. Distance measurement setup in the training-mine. Five tags were arranged
at distances of 10–45 m from the mining machine.

5 A bolter mining machine was not available for this purpose.
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5.1. Noise measurements in mine-like environment

The position estimates of the noise measurements are shown in
Fig. 12. We can observe that some estimates are located behind the
wall due to multipath propagation. At an SNR of 'ÿ19 dB, the
amount of wrong estimates increased due to the combined effect
of the noise and reflections. Even at that noisy scenario, the posi-
tion estimator delivers good results with regard to the absolute
position error. The graphs in Fig. 13 illustrate the estimation per-
formance in terms of the cumulative density functions (cdf) of
the absolute position errors. The plots show that with increasing
noise level and with decreasing distance to the wall, the variance
of the absolute position error increases resulting in flatter cdf
slopes.

With regard to position estimates for TAG0, only 70% of the esti-
mates lie within an absolute error of 29 cm. This may result from
the estimation algorithm’s selection of the signals to be used for
the estimation. In some cases, signals that stem from the loud-
speakers emitting their respective signals towards the wall may

be used for the estimation as their signals’ reflection appears to
dominate due to the smooth surface of the wall. Such a dominance
may arise when the signals of the nearest loudspeakers are more
disturbed by the noise than the reflected signals.

100% of the estimates of TAG4 lie within an absolute position
error of 17 cm. As the top plots of the graphs in Fig. 13 show, the
position estimates of TAG4 are hardly degraded by the noise which
leads to the conclusion that at locations outside the area of strong

Fig. 12. Position estimates plots from the stationary measurements carried out in
the parking garage at SNR levels of +5 dB (left) and 'ÿ19 dB (right).

Fig. 13. Cdf plots of the mean absolute errors of the stationary measurements
carried out in the parking garage at SNR levels of +5 dB (left) and 'ÿ19 dB (right). We
can clearly observe the scattering of the position estimates increasing with
increased proximity to the wall. In addition, a high level of noise degrades the
correlation signals, and thus the precision of the estimates.
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reflections, our system is robust against noise even down to an SNR
of 'ÿ19 dB.

5.2. Measurements in a training mine

5.2.1. Stationary measurements
The estimated positions (N = 120 measurements for each

mobile-tag) are shown in Fig. 14.
The mining machine (grey) is presented in the middle of the

plot, around which an alarm zone (red) and a warning zone (yel-
low) have been defined. In general, the tags are well located around
the machine. However, we can observe an obvious bias issue
regarding the position estimates of TAG2. With respect to TAG4,
the estimates lie within the alarm zone while the tag itself is
located right at the border of that zone.

Fig. 14. Results from the stationary measurements carried out in the training-mine
obtained from offline-estimation.

Fig. 15. Mean absolute errors of the positions and standard deviations of the
stationary measurements in the training-mine.

Fig. 16. Position estimates of the distance measurements in the training-mine for
four tags.

Fig. 17. Mean absolute errors of the estimated radii of the distance measurements
in the training-mine for four tags.

Fig. 18. Qualitative results regarding the position and velocity estimates of the
moving tag measurements in the training-mine. Five persons were walking
counter-clockwise along a given path in the surroundings of the mining machine.
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Fig. 15 presents the accuracy (mean position error, left plot)
and precision (standard deviation, right plot) of the position
estimates resulting from the stationary measurements. The
accuracy plot confirms the observation of a bias, especially
with respect to the position estimates of TAG2. This bias
may be reduced by compensation measures such as a calibra-
tion which is an indicated item for further work. However, the
precision of the actual version of our prototype system is
excellent lying below 2 cm.

5.2.2. Distance measurements
Regarding the determination of the distances of the tags (N = 67

measurements for each mobile-tag), the estimated tag positions
are depicted in Fig. 16. This graph shows that the 1D (radial) dis-
tances to the machine are very accurate.

The mean estimated radius and the precision of the estimated
radial distances are given in Fig. 17. At a distance of 10 m, we
observe an accuracy of 10 cm and a precision of slightly above
1 cm. At distances of 20 m and 30 m, the accuracy lies between
25 cm and 30 cm, and their precision is 7.5 cm and 5.3 cm,
respectively. A distance of 40 m results in an accuracy of
82 cm at a precision of 3.2 cm. No valid results were obtained
for TAG4 (at 45 m). As deducted from the results of the station-
ary measurements, the accuracy of the distance estimates could
be improved by applying a calibration procedure before the
measurements.

5.2.3. Moving tag measurements
The qualitative results of the real-life test in which persons

were walking on a given path around the machine are shown in
Fig. 18. Position estimates that exhibited a corresponding velocity
larger than 0.5 m/s were omitted. Our results indicate that the test
persons have been walking at an average velocity of 0.33 m/s. As a
qualitative result, we can derive that most of the positions and
velocity vectors are correctly estimated by our system.

6. Conclusions

We have presented an acoustic position estimation proto-
type system for underground mining machines based on
time-of-flight measurements. The system consists of a base sta-
tion and several mobile tags. At the base station, position mea-
surements are initiated and the measurement results are
evaluated by a sophisticated position estimation algorithm
leading to estimates of the positions and of the velocity vec-
tors of the mobile tags. The mobile tags are equipped with
microphones by the use of which the test signals are recorded,
signal processing boards, and RF-modules for the communica-
tion with the base station. At the base station, an automatic
gain control system adapts the volume of the measurement
signals at each loudspeaker as to allow for a minimum signal
quality level at the tags’ side. The loudspeakers in use were
ATEX-certified which led to limitations regarding the frequency
range of the measurement signals.

We have evaluated our prototype system in a mine-like envi-
ronment testing different levels of noise, and in a training-mine
in which we have carried out stationary measurements, distance
measurements and measurements in which five tags were in
motion. Our results show that our system provides a 2D position
estimation accuracy of below 25 cm at a precision below 2 cm.
Distances can be determined up to 40 m with a mean absolute
error of around 80 cm. Moreover, the positions and directions
of persons walking within the vicinity of the machine were well
captured.

Future work consists of the development of a calibration system
by which the bias of the position estimates could be considerably
reduced. A detailed latency analysis of the system components
and measurement sequence might also help to increase the overall
performance of our prototype system with regard to the accuracy
of the position estimates. The adaptation of the reference signals
at the mobile tags to the frequency response of the ATEX-loud-
speakers may lead to an additional gain in the correlation
processing.
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