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ABSTRACT

Microphone arrays have been traditionally used for locating sound
sources. In this scenario the array is assumed to be static and the
sound sources may be static or moving. If, on the other hand,
the sound source or sources are assumed to be static and a user
is wearing a microphone array the exact position and orientation
of the user can be solved. In this paper we propose a method for
binaural positioning of a user based on binaural microphones and
known external anchor sources placed in the environment of a user.
We demonstrate that user’s location and orientation can be tracked
in many cases very accurately even if the anchor sound is at a low
level and there are distracting sources in the environment.

1. INTRODUCTION

In wearable augmented reality audio (WARA) systems the acous-
tic environment around a user is enriched by adding virtual audio
objects to the environment. Typically, the objective is to produce
an impression that virtual sources cannot be discriminated from
real sources around the user. One potential way of achieving this
is based on a system illustrated in Fig. 1 [1]. Here, the user is
wearing a specific headset where a pair of microphone elements
has been integrated with in-ear headphones. When signals from
the binaural microphones are directly routed to the headphones
the user is exposed to a slightly modified representation of the real
acoustic environment. The addition of virtual sources takes place
in the augmented reality audio (ARA) mixer in Fig. 1.

Preliminary listening tests [1] indicate that this system is very
promising for production of realistic augmented reality audio ex-
perience for a user. However, rendering of virtual sources in such
a way that they have a static location in the augmented environ-
ment requires tracking the position and orientation of the users
head. In this article we explore the possibility to track these using
the binaural microphone signals which are already available in the
system (See Fig. 4) thus avoiding the need for additional hardware
for tracking.

Acoustic head-trackers are commercially available but most of
them are based on a configuration where user is wearing an user
element emitting ultrasound and head-tracking based on process-
ing of signals from a microphone array placed in the environment.
Sometimes this is called an outside-in system for tracking [2]. In
this article, we propose an inside-out system where user is wear-
ing a binaural microphone array and the source, anchor, is placed
in the environment. The most obvious reason for this selection
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Figure 1: Wearable augmented reality audio system based on a
specific headset and signal processing architecture.

is that the power consumption of a loudspeaker is much higher
than that of a receiver (microphone array) which makes the latter
more viable for wearable devices. Secondly, tracking information
is needed in the system worn by the user.

In a typical acoustic environment we may identify many po-
tential anchors such as computers or air shafts in an office envi-
ronment. However, in the current paper we concentrate on a spe-
cial case where the signal emitted by the anchor is known. One
or more sound anchors are emitting known reference signals in the
proposed system. When the reference signal is known the rejection
to interfering sounds can be greatly improved through correlation
between the recorded and emitted signals. With multiple sound
sources the reference signal can be divided into non-overlapping
frequency regions to increase source separation. The results are
shown for an anechoic situation and for a reverberant room con-
dition. The results are also compared with a traditional electro-
magnetic position tracking device.
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2. BINAURAL POSITIONING METHOD

Technologies for source localization with microphone arrays have
been reviewed recently, e.g., in [3]. Binaural microphone arrays
for source localization have also been presented, e.g., in [4]. In this
article we introduce a head-tracking system based on processing of
binaural signals.

The time delays of arriving sounds are derived from peak lo-
cations of the cross-correlation functions. The generalized cross-
correlation methods [5] are very prone to interfering sound sources
as the correlation is calculated between the microphone signals.
If a source signal is known the correlation can be calculated be-
tween the known source signal and the recorded signals. This
increases the robustness of localization considerably. With one
known source the relative distance and lateral angle can be esti-
mated. With more sources the exact 2D or 3D position of a user
can be estimated.
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Figure 2: Schematical view of a system with N static sound
sources.

2.1. Estimating the ITD

Let us assume there are N static sources, anchors, in the system
(see Fig. 2). Each anchor is emitting (looping) a known refer-
ence sound sample and all the samples are divided into smaller
non-overlapping groups of subbands with a filter Pi(f). In the
following the procedure of calculating the interaural time differ-
ence (ITD) for one anchor is introduced. For the other anchors the
calculation is identical.

The reference signal emitted by the ith anchor is given by

Xref,i(f) = Xref(f)Pi(f), (1)

where Xref (f) is the Fourier transform of the original known ref-
erence signal and Pi(f) is the filter for dividing the signal in sub-
bands.

The cross-correlation between the known reference and the
recorded signal is given by

Rl,ref,i =

∫ τ

τ−T

Φi(f)Sl,ref,i(f)ej2πfτ
df, (2)

where
Sl,ref,i(f) = E{Xl(f)Xref,i(f)∗} (3)

is a sampled cross-spectrum between the recorded left channel and
the reference signal. The weighting function Φi(f) is given by

Φi(f) =
Pi(f)

|Sl(f)Sref,i(f)|γ
, (4)

where Pi(f) is a frequency mask for the ith source and is the same
as used for filtering the anchor signal. γ is a parameter for chang-
ing the amount of magnitude normalization (GCC ↔ PHAT) [5].
In the same manner, the cross-correlation Rr,ref,i is calculated for
the right channel as well. Now the estimate for the ITDi is given
by the distance of the maximum values of the Rr,ref,i and Rl,ref,i.

ITDi = maxarg(Rl,ref,i) − maxarg(Rr,ref,i). (5)

When the ITD is known the lateral angle of the user relative to the
i:th anchor can be solved. The ITD for the rest of the anchors is
solved the same way.

2.2. Estimating the distance

When the distance between an anchor and the microphones chan-
ges, as the user moves, the maximum values in the cross-correlation
responses move accordingly. This information can be used to es-
timate the user movement. The chance in distance relative to the
ith anchor is the average movement of the maximum values of the
cross-correlation responses. The change in distance di in samples
to the ith anchor can be estimated with

di =
1

2
(maxarg(Rl,ref,i) + maxarg(Rr,ref,i)) − c, (6)

where c is the initial value of di.
When the distances to all of the anchors are estimated the an-

gle and position of the user can be estimated via circulation. With
two anchors a 2D-position and with three anchors a 3D-position
can be estimated. Though, increasing the number of anchors in-
creases the robustness of the system and allows lower pressure
levels for the anchors.

2.3. Synchronization

To make anchors perceptually as unnoticeable as possible the sound
samples played from the anchors need to be made longer than the
frames used in computing. For this reason the system needs syn-
chronization.

In our system, synchronization is done as follows. Assuming
the reference signal sref,i(t) played in the ith anchor is n sam-
ples long (See Fig. 2). When the tracking system is started the
first n samples are buffered. Then a cross-correlation between the
ith reference signal sref,i(t) and the other channel of the recorded
signal sr(t) or sl(t) is calculated. Then the reference signal in the
memory is circularly shifted to synchronize the system with the
recorded signal. After synchronization the recorded frame should
match a frame from the reference signal. The same synchroniza-
tion is repeated for each anchor separately.

As the user moves the synchronization degrades and eventu-
ally when the recorded frame and the frame from the reference sig-
nal does not correlate enough the system needs to be re-synchroni-
zed. This is done the same way as the initial synchronizing. The
on-line synchronization can be performed in the background while
running the system without interrupting tracking. The on-line syn-
chronizing needs only to be done for the anchors that are running
out of synchronization. This reduces the computational load com-
pared to the initial synchronization.

3. RESULTS

The method was tested in anechoic and reverberant conditions.
Fig. 3 shows a schematical view of the measurement setup. For
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the measurements only one anchor (source 1) was used and source
2 was used for playing interfering sounds. A change in distance
is considered as a movement along the y-axis and an angle of zero
degrees corresponds to the case when the user is facing source 1
(see Fig. 2). The user was also wearing an electro magnetic (Pol-
hemus ActionTrak) motion tracker receiver which was placed on
the top of the user’s head.

In the measurement the sampling frequency was 44.1 kHz and
the frame size in the calculations was 1024 samples. A 32768 point
sequence of white noise was used as a known reference signal.

Source 1
Source 2

3.61 m

2.65 m

angle

2.45 m

Polhemus

y

x

Figure 3: Schematical view of the measurement setup. Source 1 is
used as a reference and source 2 is used as an interfering sound
source.

Figure 4: Headset used in the measurements. Arrow points at the
embedded microphone.

3.1. Rejection to interfering sounds

For measuring the sensitivity to interfering sounds source 2 in Fig.
3 was used to play steadily increasing white noise. Source 1 was
emitting (looping) the reference signal at 37 dB(A). The user was
standing in front of the anchor source and turned his head repeat-
edly to the left and right.

Fig. 5 shows the results of the measurement. Second and
third panels (from the top) illustrate cross-correlation responses
between the the reference and the recorded signals. The responses
are zoomed to show the vicinity of the maximum value of the cor-
relation. From the cross-correlation responses can be seen that
at larger angles the head is shadowing the other microphone and
the correlation decreases resulting in a decreased accuracy in the
estimate of user’s position. Especially when the interfering sound
level is high and the reference level is low this effect is pronounced.
The effect can be seen in the lower two panels where the binaural
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Figure 5: Top: Solid line is the interfering source level and the
straight line is the reference source level (37 dB(A)). Middle and
upper middle: Correlation responses at both recorded channels.
Lower middle and bottom: Estimated angle and distance. Solid
line is the binaural tracking and the dashed line is the data from
the electro-magnetic tracker.

angle and distance estimates (solid line) are plotted. The dashed
line is the electro-magnetic positioning device data.

3.2. Reverberant room

Fig. 6 illustrates the results for a measurement performed in a
reverberant room (4.5 m x 10.5 m, T60 = 0.2 s). The background
noise level in the room was 40 dB(A) and the reference signal level
was 53 dB(A). During the measurement the user walked back and
forth in front of the loudspeaker while turning his head to the left
and right. The setup is shown in Fig. 3. Source 1 was used as an
anchor and source 2 was not used in this experiment.

The two upper panels show cross-correlation functions be-
tween the reference and the recorded signals in the two ears. The
two lower panels show estimated angle and distance in the pro-
posed binaural tracking method (solid line) and in an electro-mag-
netic positioning device (dashed line).

3.3. Positioning in subbands

When multiple anchors are used, source separation can be increa-
sed by dividing the reference signals in each anchor into smaller
non-overlapping frequency regions. Fig. 7 plots the mean error
in the angle estimate when changing the frequency mask Pi. The
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Figure 6: Measurement in a reverberant room. Background noise
level was 40 dB(A) and the reference level was 53 dB(A). Top and
upper middle: Correlation responses for both recorded channels.
Lower middle and bottom: Estimated angle and distance. Solid
line is the binaural tracking and the dashed line is the data from
the electro-magnetic tracker.

upper panel shows the used frequency mask. The bins in the mask
were widened for each measurement to see the effect of the Pi.
The x-axis in the lower panel tells how many percents of the fre-
quency band were used for the anchor. The data used for the mea-
surement is the same as in Fig. 6.

4. DISCUSSION

In this article we have introduced a method for positioning of
a user by binaural microphone signals. The proposed system is
based on the use of external audio sources placed in the environ-
ment of the user. When the source signal or signals are known the
3D-position and the lateral angle of the user can be estimated. The
system was tested in both anechoic and reverberant conditions.
Tracking results of the proposed system were compared with an
electro-magnetic position device. The results of the measurements
were very promising. The system also worked well in reverberant
conditions.

The proposed system uses microphones of a specific binaural
head-set which is a part of a wearable augmented reality audio ter-
minal. No additional hardware is needed for tracking. It is also
possible to use the same binaural signals for localizing unknown
sources and estimation of the acoustical properties of the environ-
ment.

In this article, wideband white noise was used as anchor sig-
nal. It was demonstrated that the anchor sound levels can be kept
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Figure 7: Upper figure shows the frequency mask Pi used in the
measurement. The width of the bins was varied from very thin to a
totally flat response. The lower figure plots the mean deviation of
the angle estimate error as the mask changes compared to a data
from an electro-magnetic positioning device. The measurement
data is the same as in Fig. 6
.

low even if there are interfering sound sources in the environment.
However, hissing noise from the anchor source may be disturbing
in some cases. For a user with proposed headset anchor sounds
can be easily canceled because they are apriori known. One could
also use more pleasant anchor signals, e.g. music, as reference, or
hide anchor sounds into music signals utilizing masking properties
of hearing.
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