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ABSTRACT

Stereo reproduction of spatial audio allows for the creation of stable acoustic images when the listener is
placed in the sweet spot, a small region in the vicinity of the axis of symmetry between both loudspeakers.
If the listener moves slightly towards one of the loudspeakers, however, the images collapse to the closest
loudspeaker. In order to overcome such limitation, a stereo reproduction technique which adapts the sweet
spot to the listener position is presented here. This strategy introduces a new approach that maximizes
listener immersion by rendering object-based audio, in which several audio objects or sources are placed
at virtual locations between the stereo span. By using a video tracking device, the listener is allowed to
move freely between the loudspeaker span, whilst loudspeaker outputs are compensated using conventional
panning algorithms so that the position of the different audio objects is kept independent from that of the
listener.

1. INTRODUCTION

The most basic spatial reproduction set up consists
of two loudspeakers fed by a stereo signal. In
this case, the listener, placed in the symmetry
axis between the two loudspeakers, i.e., the sweet

spot, will perceive one or more virtual phantom

source images located in the span between the two

loudspeakers, whose position is adjusted by varying
the amplitude or by applying a delay between
the signals feeding the two loudspeakers [1]. If
the listener, however, moves away from the sweet
spot and leans towards one of the loudspeakers,
the position of the phantom sources will shift and
finally collapse towards the closest loudspeaker,
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thus compromising the rendering of spatial sound
and the initial intention of the sound producer [2].

In the past, this has been overcome by using various
techniques for virtually expanding the sweet spot
size, by adjusting the directivity of the loudspeakers
[2], for example, or by inverting the loudspeakers
input feeds [3]. Nowadays, thanks to the develop-
ment of computer vision, an accurate estimation
of the listener position with respect to that of
the loudspeakers can be obtained, which allows to
compensate the input loudspeakers feeds, so that
the sound waves impinging from both radiators
arrive to the listener at the same time and with the
same amplitude. An interesting application which
uses this technology is the Sweetspotter [4], wherein
the stereo loudspeaker feeds are compensated in
amplitude and phase to preserve the position of the
virtual sources on the original mix.

The necessity of an enlargement or adaptation of
the sweet spot is constantly growing, as more refined
and detailed stereo mixes allow for a more accurate
spatial audio reproduction for films and games.
This is leading to a change of the audio delivery
chain, with new transmission formats being released
such as Dolby Atmos [5] or the expected MPEG H
[6], in which different virtual sources are encoded as
audio objects. The simplest kind of audio objects
are formed by an audio track with an embedded
metadata stream associated to the orientation and
source characteristics of the object. An accurate
knowledge of the listener position can then be used
to achieve a highly realistic reproduction of the
different audio objects.

The approach presented here allows to render audio
objects which adapt to the listener position for a
maximum spatial immersion. The output of both
loudspeaker is first adjusted to the listener position,
so that the incoming waves arrive to the listener
at the same time, as in the case of equidistant
loudspeakers. Once the loudspeaker inputs are
compensated to account for off-axis listening posi-
tions, the audio object panning is achieved using
vector base amplitude panning (VBAP) [7]. The
VBAP formulation has been adapted here to allow
for off-axis listening position rendering. The objects

can be plane-wave objects or point-source objects.
If the listener moves, he or she will perceive that
the incoming direction of the plane-wave objects
does not change in the case of point-source objects
or that or that the position of the sources is static
in absolute coordinates in the space. This provides
the listener with motion parallax cues, creating a
greater 3-dimension awareness, as well as perception
of depth.

Section 2 of the paper introduces the practical im-
plementation of the system and the compensation
used for extending the sweetspot for listening posi-
tions which are not symmetrical with respect to the
two loudspeakers (asymmetrical listening positions).
Section 3 presents the VBAP formulation, which
has been adapted to account for asymmetrical lis-
tening positions. The theory for source localisation
is then introduced, and simulations which estimate
the ability of the strategy to place audio objects at
different positions are also shown. Finally, Section 4
summarises the main aspects presented in this work.

2. AN ADAPTIVE STEREO SYSTEM WITH

LISTENER COMPENSATION

2.1. Implementation

The formulation which is presented in the following
sections has been implemented in a real-time
system using a standard PC with the MAX MSP
6 software system. The implementation usese
a Microsoft Kinect together with the dp.kinect

MAX patch to perform the listener tracking [8].
A screenshot of the MAX patch is reported in Fig. 1.

The Kinect sensor gives the information of the
listener position at a frequency of 33 Hz. The
listener position provided by the Kinect is used to
modify the panning gains and compensate for the
off-axis listening position.

2.2. Notation definition

Fig. 2 shows the reference system which is employed
for finding the relative position of the listener with
respect to the loudspeakers. The vector notation
used is as follows: a given vector x is defined by a
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Fig. 1: MAX MSP external implementation adap-
tive stereo object renderer.

Fig. 2: Definition of vectors and quantities used for
the adaptive stereo. The Kinect, represented by the
camera at C, defines the origin of coordinates (0,0).

magnitude |x| and by an unitary pointing vector x̂.
The vectors rR and rL define the orientation and
distance from each loudspeaker to the centre of the
listener’s head. These are formulated as

rL(x0) = −x0 − d, (1)

and
rR(x0) = x0 − d, (2)

where d is the vector representing the right loud-
speaker position with respect to the tracking system
position.

Using these vectors, the total field generated by both

loudspeakers at a listener position (x0) is defined as

p(x0, ω) =
s̃L(ω)

4π|rL(x0)|
e−jk(|rL(x0)|) +

s̃R(ω)

4π|rR(x0)|
e−jk(|rR(x0)|), (3)

where ω is the angular frequency, k = ω/c0 the
wavenumber, c0=344 m/s is the speed of sound and
e−jωt represents a time delay. The symbols s̃L(ω)
and s̃R(ω) represent the compensated loudspeaker
signals.

2.3. Compensation

In order to provide an accurate phantom source lo-
calisation regardless of the listener position, the first
requirement is to ensure that the soundwaves prop-
agating from each loudspeaker arrive at the listener
position at the same time instant and with the same
amplitude, as it occurs in a symmetric listening sit-
uation. This is achieved by applying a gain and a
delay to the loudspeaker signals to compensate for
the distance attenuation and time of travel of the
waves. The gain compensation is performed by mul-
tiplying both input signals sL(ω) and sR(ω) by |rL|
and |rR| respectively. The delay compensation is
performed differently depending on the relative sign
of the difference |rL(x0)|−|rR(x0)|. It the listener is
closer to the left source, the compensation is applied
as

s̃L(ω) = sL(ω)|rL(x0)|e
jk(|rL(x0)|−|rR(x0)|),

and s̃R(ω) = sR(ω)|rR(x0)|, (4)

being sL the left input signal. If in the other hand
the listener is closer to the right source, the right
source input feed is given

s̃R(ω) = sR(ω)|rR(x0)|e
jk(|rR(x0)|−|rL(x0)|),

and s̃L(ω) = sL(ω)|rL(x0)|, (5)

being sL(ω) and sR(ω) the left and right input
signals respectively. The frequency independent
delays ejk(|rL(x0)|−|rR(x0)|) and ejk(|rR(x0)|−|rL(x0)|)

are implemented in real time by applying a frac-
tional delay [9] of δ(t − (|rL(x0)| − |rR(x0)|)) and
δ(t− (|rR(x0)| − |rL(x0)|)).
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Fig. 3: Measured impulse response (IR) of each of the loudspeaker, IRL for left loudspeaker and IRR for
the right loudspeaker, without compensation ( Figures (a) and (c)) and with compensation (Figures (b) and
(d)). Position 1 is x, y=(-0.41, 1.15) m, and position 2 corresponds to x, y= (0.55, 2,95) m

The effect of compensation for gain and delay on
the impulse responses of each loudspeaker is shown
in Fig. 3 for two listener positions. Position 1
corresponds to x, y=(-0.41, 1.15) m and position 2
corresponds to x, y= (0.55, 2,95) m. The impulse
responses have been obtained by inverse Fourier
transformation of the measured frequency responses
between the input to the system and a microphone
at the given locations. A large delay between the
impulse responses can be observed in Fig. 3a and
Fig. 3c, where no signal compensation is applied.
When the compensation is used, which is shown
in Fig. 3b and Fig. 3d, the impulse response peaks
coincide. There is, however, a large variability in
the peak amplitude, which is corrected for position 2
but which is not so accurately corrected for position
1. This suggests that the position and frequency
dependence on the individual directivities of each

radiator requires a more accurate compensation
than just by compensating according to the distance
from the loudspeaker.

3. OBJECT PANNING

Amplitude panning applies different gain values to
the input signals of a set of loudspeakers to steer the
propagation direction of an original input signal. For
a given mono object with associated signal s0(ω) and
placed in a certain position in the space, it is possible
to create a set of loudspeaker signals given by

sL(ω) = s0(ω)gL(x0), (6)

and

sR(ω) = s0(ω)gR(x0), (7)
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where gL(x0) and gR(x0) represent the normalised
panning gains for the listener position x0. The
loudspeaker signals sL(ω) and sR(ω) can be further
compensated to account for the listener position, as
performed in Equations 4 and 5, to give compen-
sated loudspeaker signals s̃L(ω) and s̃R(ω).

3.1. Object panning strategies

The orientation of the different audio objects
is adjusted using panning techniques as vector
base amplitude panning (VBAP) [7]. The VBAP
formulation is used to adjust the amplitude of the
loudspeaker feeds so that an object is perceived as
being located at a given position, as shown in Fig.
4, where the normalised input feeds gL(x0) and
gR(x0) are calculated to keep the position of the
audio object static independently of the listener
position.

Fig. 4: Example of how the VBAP gains are ad-
justed for two listener position so that the object
stays static relative to the listener at a desired 2D
coordinate.

For a given listener position, an object orientation
vector p0 is created according to

p0(x0) = g′L(x0)r̂L(x0) + g′R(x0)r̂R(x0), (8)

where g′L(x0) and g′R(x0) are the unnormalised gain
factors of each loudspeaker and r̂L(x0) and r̂R(x0)

are the unitary pointing vectors of each loudspeaker.
In the original VBAP formulation it is assumed that
the listener is placed at the same distance from both
loudspeakers and hence r̂L and r̂R are only calcu-
lated once. In the formulation presented here, how-
ever, these account for asymmetrical listening sit-
uations. The above equation can be rewritten in
matrix notation

[
p0y (x0)
p0x(x0)

]
=

[
rLy

(x0) rRy
(x0)

rLx
(x0) rRx

(x0)

] [
g′L(x0)
g′R(x0)

]
, (9)

where the subscripts y and x indicate the orthogo-
nal projections on the y and x axis of the pointing
vectors r̂L(x0) and r̂R(x0) and of the virtual source
pointing vector p(x0). For a virtual source placed
at a position defined by the object pointing vector
p0, the required gains are obtained by[7]

[
g′L(x0)
g′R(x0)

]
=

[
rLy

(x0) rRy
(x0)

rLx
(x0) rRx

(x0)

]−1 [
p0y (x0)
p0x(x0)

]
.

(10)
The unnormalised gains g′L(x0) and g′R(x0) are then
converted into normalised gains gL(x0) and gR(x0),
so that the acoustic power at the listener position
is equal to a certain value, here assumed to be uni-
tary. The normalisation can be performed assuming
coherent summation, as it is understood to occur
at low frequencies, or assuming incoherent summa-
tion, as it occurs at higher frequencies. If coherent
normalisation is used, the loudspeaker feeds are nor-
malised so that gL(x0)+gR(x0)=1, which is obtained
by

gL(x0) =
g′L(x0)

g′L(x0) + g′R(x0)
, (11)

and

gR(x0) =
g′R(x0)

g′L(x0) + g′R(x0)
, (12)

However, coherent normalisation has the risk of
turning the system unstable for phantom source
positions in which the loudspeaker feeds are equal in
magnitude but with opposite phase, as it happens
when objects are panned outside the loudspeaker
span. Furthermore, as the system is aimed to
be used in a reverberant room, loudness is best
preserved if both gains are normalised with the
square root of the powers [10], as also uncorrelated
reflections contribute to the general pressure level,
although this requires further research.
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Thus, in order to avoid system instability, inco-
herent normalisation is preferred throughout the
whole frequency band, with the constraint that√
g2L(x0) + g2R(x0)=1. Below 1.5 kHz, it is possible

to place objects outside of the stereo span, thanks
to the coherent summation of the waves. The pan-

ning gains for the low frequency range, g
(LF )
L (x0)

and g
(LF )
R (x0), are given by

g
(LF )
L (x0) =

g′L(x0)√
g′2L (x0) + g′2R(x0)

, (13)

and

g
(LF )
R (x0) =

g′R(x0)√
g′2L (x0) + g′2R(x0)

. (14)

Above 1.5 kHz, the gains are normalised in the same
way as for the low frequency region when the phan-
tom source lies inside the stereo span. When the
phantom source is outside the stereo span, the loud-
speaker feed closer to the phantom source is set to 1,
with the other loudspeaker feed set to 0. The cut-off
frequency of 1.5 kHz has been selected heuristically
and may depend on the distance 2|d| between the
loudspeakers and the type of room where the sys-
tem is placed. The high frequency panning gains,

g
(HF )
L (x0) and g

(HF )
R (x0), are defined by

g
(HF )
L (x0) =

g′L(x0)√
g′2L (x0) + g′2R(x0)

if (g′L(x0) > 0, g′R(x0) > 0),

or else 1 if g′R(x0) < 0, (15)

and

g
(HF )
R (x0) =

g′R(x0)√
g′2L (x0) + g′2R(x0)

if (g′L(x0) > 0, g′R(x0) > 0),

or else 1 if g′L(x0) < 0. (16)

The normalised panning gains for the low and high
frequency bands are then compensated depending
on the listening position according to Equations
4 and 5 to give the compensated and normalised
panning gains, g̃LF

L (ω), g̃LF
R (ω), g̃HF

L (ω) and
g̃HF
R (ω). For a given audio object s0(ω), this is
passed through a filtering stage which decomposes

the object into a low frequency band and a high
frequency band. The output of such filtering stage is
afterwards multiplied by the respective low and high
frequency compensated and normalised panning
gains and then combined to give the compensated
loudspeaker signals s̃L(ω) and s̃R(ω).

3.2. Localisation estimation

The ability of the proposed method to place ob-
jects at different coordinates is now assessed by
means of the velocity vector and the energy vector
localisation theories, which give an estimation of
the perceived localisation. At low frequencies, the
resultant sound field at the listener position can be
modelled by the sum of the particle velocity vectors
of phase coherent plane-waves at that position [11].
The sound field is hence described by the pressure
and the velocity, wherein the local sound field is
given by a combination of the pressure and the
velocity of the plane-waves incoming from the two
loudspeaker. Furthermore, the human head can be
regarded as being acoustically transparent at low
frequencies so that its presence does not modify the
incident field significantly.

For a unitary object signal in which s0(ω) = 1, the
total particle velocity, vT , is proportional to the
combination of the plane-waves incoming from both
loudspeakers, which s can be written as

vT (x0, ω) = g̃L(x0, ω)r̂L(x0) + g̃R(x0, ω)r̂R(x0).
(17)

At low frequencies, the perceived localisation of a
phantom source can be estimated by means of the
Makita localisation vector, rv(x

′), which was intro-
duced by Gerzon [12] and is based on the localisation
studies of Makita [11], also known as the velocity lo-

calisation vector. For the case under consideration
the velocity localisation vector is given by

rv(x0, ω) = −
g̃L(x0, ω)r̂L(x0) + g̃R(x0, ω)r̂R(x0)

g̃L(x0, ω) + g̃R(x0, ω)
.

(18)
The minus sign is due to the opposite direction
between phantom source and perceived source
direction. The magnitude rV = |rV | = Z0v/p is
the ratio of the resultant pressure and velocity
magnitude multiplied by the characteristic acoustic
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impedance, Z0 = ρ0c0, where ρ = 1.20 kg/m3 is the
density of the air at 20◦. Assuming that the sweet
spot is not in the near-field of a given loudspeaker, it
is possible to approximate the sound field radiated
by a source by a plane-wave arriving at the listener
position from the direction of the loudspeaker as
seen by the listener. Hence, for a single radiating
source, rv = 1, and can assume any value between
0 and 1.

At higher frequencies, when the wavelength is
smaller than the head width, the sound field ap-
proximation introduced above does no longer hold,
and scattering becomes significant. For this reason
Gerzon proposed the energy vector [12] as a way to
estimate the perceived location of a phantom source.
For an object with a unitary signal, s0(ω) = 1, the
energy vector for a point field x0 is given by

rE(x0, ω) = −
g̃2L(x0, ω)r̂L(x0) + g̃2R(x0, ω)r̂R(x0)

g̃2L(x0, ω) + g̃2R(x0, ω)
.

(19)
According to subjective localisation experiments,
the Makita velocity vector predicts image direction
accurately up to about 1.5 kHz, with the energy
vector being more accurate at above 2.5 kHz [13].
More information about summing localisation and
how this depends on the orientation of the listener
head can be found in [14].

3.3. Simulated localisation results

Some examples of how a listener localises audio
objects at different positions using the formulation
presented here have been simulated. The low fre-
quency object panning were simulated using the low

frequency panning gains, g̃
(LF )
L (x0) and g̃

(LF )
R (x0),

which are obtained according to Equations 13 and
14, with the localisation assessed by means of the
Makita velocity vector, rV (x0), as defined in Eq.
18. The high frequency object panning is simulated

using the high frequency panning gains, g̃
(HF )
L (x0)

and g̃
(HF )
R (x0), as given by Equations 15 and 16,

with the perceived localisation assessed by means of
the energy vector, rE(x0), as given by Eq. 19. The
obtained localisation vectors have been normalised
to have unitary amplitude to better appreciate the
pointing direction. The origin of the arrows identify

the various listener positions.

Fig. 5 illustrates how stereo localisation works
according to the Makita vector, rv, for different
listener positions in a system with equal loud-
speaker signals, g̃L = g̃R; without compensation for
asymmetric listening, and when compensation is
used according to Equations 4 and 5. In this case
the energy vector, rE , is not included, as it gives
very similar results to rV . The results show that,
when compensation is not used, the direction of
the velocity vectors rotate towards the closer loud-
speaker, rather than to the origin of the coordinate
system. This effect is, however, underpredicted in
the simulations, where the precedence effect is not
taken into account, and is more significant in a real
set up when leaning towards one of the loudspeaker
[4].

−1.5 −1 −0.5 0 0.5 1 1.5
−2

−1.5

−1

−0.5

0

0.5

y, (m)

Fig. 5: Estimated perceived localisation at differ-
ent listening positions for a central phantom source
when gain and radius compensation is applied (solid
arrows) and when it is not applied (dashed arrows).
The two loudspeakers are represented by the aster-
isks.

Fig. 6 illustrates the perceived position of a plane-
wave object which propagates from the infinity
with a direction parallel to the axis of symmetry
between both loudspeakers, with and without
panning adaptation for asymmetric listening. When
the panning gains change depending on the lis-
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tener position, the plane-wave object is rendered
properly, being perceived as coming from the same
direction independently of the listener position. If
no compensation for asymmetrical listening is used,
however, the perceived source localisation collapses
to the closest loudspeaker.

−1.5 −1 −0.5 0 0.5 1 1.5
−2

−1.5

−1

−0.5

0

0.5

x, (m)

y,
 (

m
)

Fig. 6: Estimated localisation for a plane-wave ob-
ject with (solid arrows) and without (dashed arrows)
listener position compensation at low frequencies.
The two stereo loudspeaker are represented by the
asterisks.

For listener positions outside of the stereo span, the
active compensation is able to provide accurate lo-
calisation only at low frequencies. This is illustrated
in Fig. 7, where the velocity and energy vectors
are calculated for a plane-wave type object which
propagates from the infinity with a direction parallel
to the axis of symmetry between both sources. The
dashed arrows show the high frequency localisation,
and it can be seen that outside the stereo span, the
arrows point towards the closest loudspeaker.

For point-source objects placed relatively close to
the loudspeakers and within the stereo span, the
localisation models for low and high frequencies
offers similar results for listener position inside the
stereo span, as shown in Fig. 8. The estimated
localisation at low frequencies is identical indepen-
dently if coherent or incoherent summation is used,
with the arrows pointing towards the object. The

−1.5 −1 −0.5 0 0.5 1 1.5
−2

−1.5

−1

−0.5

0

0.5

x, (m)

y,
 (

m
)

Fig. 7: Estimated localisation vectors for a plane-
wave type object which propagates from the infinity
at low frequencies (solid arrows) and at high frequen-
cies (dashed arrows). The two stereo loudspeaker are
represented by the asterisks.

−1.5 −1 −0.5 0 0.5 1 1.5
−2

−1.5

−1

−0.5

0

0.5

1

x, (m)

y,
 (

m
)

Fig. 8: Estimated localisation vector for a point-
source type object placed at x, y=(0.75,1) m at low
frequency with incoherent normalisation, as in Eqs.
13 and 14 or with coherent normalisation, as in Eq.
11 (solid arrows), and at high frequencies (dashed
arrows). The object is represented by the large as-
terisk and the two stereo loudspeaker by the smaller
asterisks.

estimated localisation at high frequencies differs
slightly from that obtained at low frequencies for
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listener positions outside the loudspeaker span. For
listener positions outside the stereo span in the half
plane where the object is placed, the high frequency
localisation tends towards the nearer loudspeaker.

−1.5 −1 −0.5 0 0.5 1 1.5
−2

−1.5

−1

−0.5

0

0.5

x, (m)

y,
 (

m
)

Fig. 9: Localisation for 2D objects outside the loud-
speaker span at low frequency with incoherent nor-
malisation or with coherent normalisation (solid ar-
rows) and at high frequencies (thick dashed arrows).
The object is represented by the large asterisk and
the two stereo loudspeaker by the smaller asterisks.

The localisation of point-source objects placed at
more extreme positions follows a similar pattern.
For listener positions inside the stereo span, both
the high frequency and the low frequency localisa-
tion are accurate and offer very similar results. For
the case of low frequency localisation, both coherent
and uncoherent panning normalisation methods
give identical results. An example is shown in Fig.
9, in which a phantom source is placed at the left
of the loudspeaker span. The figure shows how
the low frequency localisation for loudspeaker feeds
with coherent normalisation, using Eq. 11, points
towards the object independently of the listener
position. The perceived high frequency localisation
is largely biased when the listener is outside the
loudspeaker span, and collapses to the loudspeaker
which is on the same half plane as the object.

The most extreme case is when the point-source ob-
ject is located between the listener and the loud-
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0
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Fig. 10: Localisation for 2D objects on the listen-
ing area at low frequency with incoherent normali-
sation or with coherent normalisation (solid arrows),
at high frequencies (dashed arrows). The object is
represented by the large asterisk and the two loud-
speakers by the smaller asterisks.

speakers, as shown in Fig. 10. It can be seen how
for listener positions towards more negative y coor-
dinates than that of the object (as moving away from
the object in opposite direction to the loudspeakers)
the perceived localisation at low frequency offers an
accurate localisation independently of the panning
gains normalisation method. The estimated locali-
sation at high frequency is also accurate, although
is slightly biased for some listener positions. For
listener positions between the objects and the loud-
speakers the compensation is not valid

It is noteworthy to mention that although the low
frequency localisation vectors predict an accurate
localisation when the listener is outside the loud-
speaker span or when objects are placed outside
the loudspeaker span, in the practice, this is very
variable and depends largely on the orientation of
the listener’s head [14].

4. CONCLUSION

An adaptive stereo system for object based repro-
duction has been presented. The system uses a non
invasive tracking system, by means of a Microsoft
Kinect and is implemented in MAX MSP 6. By
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constantly calculating the position of the listener
with respect to both loudspeakers the loudspeaker
feeds are adjusted so that the positions of different
audio objects stay stable with respect to the listener
position.

The system uses a formulation which allows to
enhance the sweet spot. The formulation adjusts
the loudspeaker signals when the listener is outside
of the sweet spot, assuring that both loudspeaker
feeds arrive with the same amplitude and at the
same time. Whilst it is not totally possible to adjust
for the loudspeaker directivity, which is frequency
and orientation dependent, it is possible to adjust
the time arrival of both signals.

The proposed approach is also used for the repro-
duction of audio objects. Vector base amplitude
panning (VBAP) is used for obtaining loudspeaker
gains which allow controlling the position of the
audio objects, with the loudspeaker feeds also
adapted to the listener position. The loudspeaker
feeds are calculated differently for low and high fre-
quencies, with a cut off frequency of 1.5 kHz. Below
this frequency, the original VBAP formulation is
used independently of the listener-object position,
and above that frequency, the VBAP formulation
is used for objects placed inside the loudspeaker
span. This allows to extend the stereo span for
the low frequencies, where both pressure waves add
coherently.

Two normalisation options have been evaluated
to weight the panning gains at low frequencies,
coherent and incoherent normalisation. Although
coherent normalisation may be expected to be
more appropriate from a physical point of view,
the simulations have shown that for most of the
listener positions both normalisation options obtain
identical results in terms of direction. Furthermore,
coherent normalisation can give normalised panning
gains with a very large norm, which in a real time
implementation is translated in system instabil-
ity. For this reason incoherent normalisation has
been also used for the low frequencies panning gains.

Although outside the sweet spot the system only
allows to an accurate localisation of objects at

low frequencies, compensation for an asymmetric
listening position can obtain clear and sharp images,
which stay static in a predefined position. Simu-
lations using the velocity and energy localisation
vectors have shown this effect, and have also shown
how the perceived localisation of the audio objects
collapses to the nearest loudspeaker if the source
feeds are not compensated for the listener position.

Informal listening tests indicate that the perfor-
mance of the implemented system to place objects
at different positions and to compensate for asym-
metric listening is quite similar to that predicted in
simulations. The frequencies at which the listener
position is updated also seems to be sufficient for
this application. Further work may involve listening
tests to assess the subjective performance of the
proposed technique.
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