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ABSTRACT

A multi-channel panning technique is presented, which aims at reproducing a plane wave with an array
of loudspeakers. The loudspeaker gains are computed by solving an acoustical inverse problem. The latter
involves the inversion of a matrix of transfer functions between the loudspeakers and the elements of a virtual
microphone array, the center of which corresponds to the location of the listener. The radius of the virtual
microphone array is varied consistently with the frequency, in such a way that the transfer function matrix
is independent of the frequency. As a consequence, the inverse problem is solved for one frequency only, and
the loudspeaker coe±cients obtained can be implemented using simple gains.

1. INTRODUCTION
The generation of a desired sound field given an ar-
ray of loudspeakers is an area of intense ongoing re-
search. Multi-channel reproduction techniques such
as Wave Field Synthesis [1], High Order Ambisonics
[2] and Vector Based Amplitude Panning [3], among
others, have been developed and are currently ap-
plied to real systems. These techniques can be used
to design algorithms that compute signals for a loud-
speaker array allowing for reproduction of a target

sound field. Other methods have been proposed
which perform the calculation above by solving an
acoustical inverse problem [4], [5], [6], [7]. The goal
of these methods is to derive the loudspeaker signals
from values of a number of control points in the tar-
get field (or on a boundary of the control region).
One of the disadvantages of these techniques is the
computational cost of their implementation, since
the solution of the inverse problem under consider-
ation is frequency dependent. Therefore, the practi-
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cal implementations of such techniques usually use
a large number of digital filters. In many practical
situations these filters should be computed in real
time. This is typically the case when the field repro-
duction is optimized in a limited region surrounding
a moving listener.

In this paper a novel method is presented, which
allows for the reproduction of a desired sound field
(starting with a single plane wave) using a simple
network of gains and delays. We assume that the
sound system under consideration is a multi-channel
surround system, meaning that the system includes
several (at least five) loudspeakers, which are ar-
ranged in a two-dimensional or three-dimensional
displacement around a given array center, coinciding
with the origin of the coordinate system. No strict
assumptions are made regarding the uniformity of
that arrangement.

A simple radiation model is used for the loudspeak-
ers. Each of them generates a sound field which
can be approximated, in the vicinity of the listener
position, to a single plane wave traveling from the
loudspeaker location to the listener. A delay and a
gain are applied to each loudspeaker signal, in order
to compensate for the distance between the trans-
ducer and the listener. In this way, all the plane
waves generated by the loudspeakers have the same
phase and amplitude at the lister location.

We assume then that a virtual array of microphones
is arranged around the listener and translates to-
gether with the latter. The virtual microphones are
the control points of the sound field. The radius
of the array is assumed to be frequency dependent.
More specifically, the array radius r varies propor-
tionally with the operating wave number k, so that
the product kr is constant. In this way that the
values of the target plane wave sampled by the vir-
tual microphone array are independent from the fre-
quency.

A set of gains, one for each loudspeaker, is com-
puted by solving a least squares minimization prob-
lem, with the use of two diÆerent kind of regular-
ization. The application of similar acoustical inverse
problems has been proposed in previous publications
by Kirkeby, Poletti and some of the authors [4], [6],
[7].

The resulting system is straightforward to imple-
ment and can be very eÆective in single listener sys-
tems incorporating a tracking device.

2. NOTATION
Lowercase bold lettering represents vectors. Each
vector x is characterized by a magnitude |x| and by
a unitary vector x̂, identifying the direction of x. It
holds that

x = |x| x̂ (1)

Given a relative reference coordinate system with
center xs, the coordinate of a location x can be ex-
pressed with respect to the relative system by

x
0 = x° xs (2)

Given two vectors x and y, the notation x · y in-
dicates the scalar product between the two vectors.
Uppercase bold lettering represents matrices.

3. THEORY
The surround sound system under consideration is
assumed to include L loudspeakers. Each loud-
speaker is arranged at a given location y`, as shown
in Figure 1. It is also assumed that the listener oc-
cupies a location in the interior of the loudspeaker
array, identified by the vector xs and hereafter also
referred to as the sweet spot. It is possible to choose
the listener position as the origin of a relative ref-
erence coordinate system. We will assume that this
relative system can translate with respect to the ab-
solute reference system, but no relative rotation is
allowed. Each absolute position x can be expressed
with respect to the listener position, and the relative
position x

0 is given by equation (2).

The loudspeaker locations can therefore be ex-
pressed with respect to the listener position, yielding
a set of relative coordinates y

0
`.

Assuming that the sweet spot is not in the near-field
of the given loudspeaker, it is possible to approxi-
mate the sound field generated by one loudspeaker
with a plane wave arriving at the listener position
from the direction of the loudspeaker as seen from
the sweet spot. It should be noted that this rel-
ative direction ŷ

0
` is in general diÆerent from the

loudspeaker direction ŷ`, seen from the origin of the
absolute coordinate system.
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Fig. 1: Reference geometry.

Therefore, the field p`(x̂,!) generated by the `-th
loudspeaker can be expressed, in the vicinity of the
listener and for a given frequency !, as a plane wave
of the form

p`(x0, !) =
1

|y0`|
e°jk (|y0

`|°ŷ0
`·x

0
) (3)

where k = !/c is the wave number (the speed of
sound c is uniform, since the medium of propagation
is assumed to be homogeneous and non dispersive)
and the time convention ej!t has been chosen, so
that the expression above represents a wave propa-
gating in the direction °ŷ

0
` (or, equivalently, arriv-

ing from the direction ŷ
0
`). The factor 1/|y0`| has

been introduced in order to take into account the
attenuation that the wave undergoes while propa-
gating (it is assumed that |x0| ø |y0

`| and therefore
|y0` ° x

0| º |y0`| for the energy decay).

In view of this, the sound field p(x0,!) reproduced
by the entire loudspeaker array in the vicinity of the
listener position and for a single frequency ! is given
by

p(x0, !) =
LX

`=1

s`(!)
1

|y0`|
ejk ŷ0

`·x
0
e°jk|y0

`| (4)

where s`(!) is the signal feeding the `-th loud-
speaker, expressed as a function of the frequency.

3.1. Target sound field
We assume that the target sound field p̃T (x0,!) can

be expressed (with respect to the listener) by a linear
superposition of plane waves, and is therefore given
by

p̃T (x0, !) =
Z

≠

ejk k̂0·x0
'(k̂0,!) d≠(k̂0) (5)

where ≠ is the unitary sphere for a three-dimensional
problem or a circle for the two-dimensional case.
The integral above can be discretized by uniformly
(or almost uniformly) sampling ≠ at N angular lo-
cations k̂

0
n, and is approximated by a summation of

the form

p̃T (x0, !) =
NX

n=1

ejk k̂0
n·x0

'(k̂0n,!) ¢≠n (6)

The factors ¢≠n depend on the sampling scheme
adopted. In the case of ≠ being a unitary circle
uniformly sampled ar N positions, we have that
¢≠n = 2º/N .

We will concentrate on the case of a single pulse-
like plane wave arriving from the direction k̂

0
0
, with

respect to the listener, that is when the density func-
tion '(k̂0) in the integral above is a Dirac delta func-
tion ±(k̂0 ° k̂

0
0
). In this case we have that

pT (x0,!) = ejk k̂0
0·x

0
(7)

3.2. Distance compensation

It is possible to apply to each loudspeaker a negative
delay ejk|y0| (anticipation) and a gain |y0`| in order to
compensate for the distance of the transducer from
the listener. The loudspeaker signals for reproducing
the target field given by equation (7) can therefore
be expressed as follows

s`(!) = g`(!) |y0`| ej !
c |y0

`| (8)

where the frequency dependent coe±cient g`(!) is
to be determined. The reproduced field is

p(x,!) =
LX

`=1

g`(!) ejk ŷ0
`·x

0
(9)

When, for example, all coe±cients g`(!) are unity
for all frequency, each speakers generate a single
pulse and the L pulses arrive simultaneously at the
listener position and interfere constructively.
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3.3. The virtual microphone array
The ideal objective at this stage is to compute a set
of gains g`(!) such that the reproduced field p(x,!)
given by equation (9) is as close as possible, and
ideally identical, to the target field pT (x,!) given by
equation (7). In order to define what is meant by the
concept of distance introduced above, the following
criterium is introduced.

We assume that a virtual array of microphones is
arranged around the listener position and moves to-
gether with it. The virtual microphones are ar-
ranged at the same distance r from the listener po-
sition and their relative positions x

0
m = rx̂0m do not

vary with listener movements, while the opposite is
true for their absolute positions xm = x

0
m + xs. Al-

though no a priori constrain exists on the angular
arrangement of the virtual microphones, in this work
we will assume that, in the case of a two-dimensional
loudspeaker array (all speakers laying on the same
plane), they are uniformly arranged on a circle of
radius r and centered at the listener position, and
in the case of a three dimensional loudspeaker array,
they are almost uniformly arranged on the surface of
a sphere with same center (example of almost uni-
form sampling of a sphere can be found in [8]). In
view of the uniqueness of the interior Dirichlet prob-
lem1 (see, for example, [7]) if the target sound field is
reproduced accurately on the surface of the control
boundary identified by the microphone array, then
the target field is reproduced accurately also in the
interior of that region and in part of its exterior. In
the case under consideration, in which the acoustic
field is sampled on the surface identified by virtual
microphone array, the arguments above are valid if
the average distance between neighboring virtual mi-
crophones is smaller than half of the operating wave
length § = 2º/k.

The values of the target sound field and of the re-
produced sound field measured by the virtual micro-
phones can be expressed by the vectors pT and p,

1
For the solution of the Dirichlet problem to be unique, the

operating wave number k should not be one of the Dirichlet

eigenvalues for the region identified by the virtual microphone

array [7]. However, since later in this work the factor kr is

assumed to be fixed, the nonuniqueness problem above does

not arise

respectively. These are given by

pT :=

2

66664

ejkr k̂0
0·x̂

0
1

ejkr k̂0
0·x

0
2

...
ejkr k̂0

0·x̂
0
M

3

77775
p :=

2

6664

p(x1, !)
p(x2, !)

...
p(xM ,!)

3

7775
(10)

In view of equation (9), vector p can be expressed
by

p = H g (11)

where matrix H and vector g are respectively given
by

H :=

2

64
ejkr ŷ0

1·x̂
0
1 · · · ejkr ŷ0

L·x̂0
1

...
. . .

...
ejkr ŷ0

1·x̂
0
M · · · ejkr ŷ0

L·x̂0
M

3

75 (12)

g :=

2

6664

g1(!)
g2(!)

...
gL(!)

3

7775
(13)

It should be noted that the scalar product ŷ
0
` · x̂0m

corresponds to the cosine of the angle between the
directions identified by the `-th loudspeaker and the
m-th virtual microphone with respect to the sweet
spot.

The distance J(!) between the target and repro-
duced field (or error), which we seek to minimize, is
given by

J(!) := |pT °H g|2 (14)

This is a classical least squares problem, in which the
vector g is to be determined. It is clear that the so-
lution of the above depends strongly on the number
and arrangement of the virtual microphones, and
that the solution will be diÆerent for diÆerent fre-
quencies. Since the coe±cients g`(!) are frequency
dependent, they need to be implemented as digital
filters, and their real time calculation can be com-
putationally expensive.

3.4. Frequency dependent array radius
We will now apply a strategy, which allows to make
the above calculation independent of the frequency,
in such a way that the coe±cients g` can be imple-
mented as simple gains.

The distance r of the virtual microphones from the
listening position is not fixed, but is now a function
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Fig. 2: Plane waves at diÆerent frequencies. The §
represent virtual microphones. The frequency de-
pendent radius allows the virtual microphones to
measure the same values of the target plane wave,
independently of the frequency.

of the frequency. More specifically, if for a given
frequency !0 a given distance r(!0) is chosen, then
the virtual microphone distance r(!) for all other
frequencies is defined by

r(!) =
!0

!
r(!0) (15)

It is clear that with this choice the factor kr included
in the definition (10) and (12) of the vector pT and
of the matrix H, respectively, becomes a frequency
independent parameter ∞. It can be indeed noted
that

kr(!) =
!

c

!0

!
r(!0) = k0 r(!0) := ∞ (16)

The physical explanation of this fact is illustrated
by Figure 2. This shows that, given a reference fre-
quency !0 and a reference array radius r(!0), when
the frequency ! is half of !0, and the correspond-
ing wave length § is therefore twice the reference
wavelength §0, the radius r(!) of the array is twice
the reference radius !0. In this way, the values of
the target plane wave, sampled by the virtual micro-
phone array, are independent from the frequency.

The ideal choice of the optimal constant ∞ is not
trivial, and depends in general on the configuration
of both the virtual microphone array and the loud-
speaker array. It seems sensible to choose ∞ as a
function of the number M of virtual microphones.
In order to avoid spatial aliasing, the average dis-
tance between microphones should be less than half

of the reference wave length §0; hence a smaller ra-
dius seems an optimal choice. For a circular array,
for example, the distance between neighboring vir-
tual microphones is 2ºr(!)/M , therefore the non-
aliasing condition is satisfied if ∞ < M/2. On the
other hand, the parameter ∞ should not be too small,
since an increase of the array radius has the eÆect of
reducing the condition number of the matrix H and
make the system more stable (the reader can refer
to [9] for an explanation of this phenomenon). Nu-
merical simulations indicate that the optimal choice
of the parameter ∞ is aÆected also by the number
and arrangement of the loudspeakers. In fact, if
the loudspeaker array is non-uniform, a choice of a
small parameter ∞ leads to better results. It should
be noted that, since matrix H is computed using
the relative coordinates of the loudspeaker array, the
uniformity of the array is to be considered as seen
from the sweet spot rather than on the basis of the
absolute loudspeaker arrangement. For example, a
perfectly uniform circular array can be regarded as
strongly irregular if the listener is very close to one
of the loudspeakers. As a general guidance, the con-
sequences of choosing a too large ∞ are much worse
than those deriving from the choice of a too small
∞, since the eÆects of ill-conditioning are limited by
the absence of errors.

3.5. Solution of the inverse problem

For a given choice of the parameter ∞, the solution
of the least square problem for the minimization of
the frequency independent cost function J expressed
by equation (14) can be calculated by [4]

g = H
†
pT (17)

where the Moore-Penrose pseudo-inverse matrix H
†

is given by
H

† := (HH
H)°1

H
H (18)

if L < M (more virtual microphones than
loudspeakers- overdetermined system), or by

H
† := H

H(HH
H)°1 (19)

if L > M (underdetermined system). The super-
script H

H indicates the Hermitian transpose of the
matrix H (namely, the complex conjugate of H

transpose). If L = M , the two formulae above are
equivalent and H

† = H
°1. It is assumed that the

AES 128th Convention, London, UK, 2010 May 22–25
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matrix H is full rank. This condition is satisfied
if each couple of two diÆerent loudspeakers ` and ı
identifies two diÆerent relative directions ŷ

0
` and ŷ

0
ı,

and if diÆerent virtual microphones are arranged at
diÆerent positions. In this case, either all rows or all
columns of H are linearly independent.

The solution method above leads to some undesired
eÆects. Firstly, loudspeakers may be active, whose
relative directions ŷ

0
` are much distant (in terms

of angle between the vectors) from the relative di-
rection of the incoming plane wave k̂

0
0
. This phe-

nomenon is very pronounced when the direction of
arrival of the target plane wave is between two loud-
speakers and the listener is oÆ-centered toward the
direction of the plane wave, or equivalently when in
an non-uniform array the target plane wave impinges
from a direction that is distant from all loudspeak-
ers.

Secondly, in the case of L ∑ M , when the relative di-
rection of the incoming plane wave k̂

0
0

coincides with
the relative direction ŷ

0
` identified by one of the loud-

speakers, only that loudspeaker generates sound. As
soon as k̂

0
0

varies, several other loudspeakers become
active. Although the above corresponds mathemati-
cally to an exact solution, it has the psychoacoustical
eÆect that the perceived sound scene collapses to the
single active loudspeaker.

In order to overcome these issues, two diÆerent kinds
of regularization are applied. Firstly, a classical
Tikhonov (or Tihonov) regularization is applied [10].
This technique aims at minimizing the norm of the
solution, corresponding to the magnitude of the vec-
tor g. This regularization also avoids having only
one loudspeaker active.

Secondly, a regularization technique proposed by Po-
letti [6] is applied. This technique minimizes the
magnitude of the gains g` corresponding to relative
directions ŷ

0
`, which are distant (in term of angle be-

tween the two vectors) from the direction of arrival
of the target plane wave, k̂

0
0
.

The function J to be minimized becomes

J := |pT °H g|2 + ØT |g|2 + ØP |bT
g|2 (20)

The vector b is given by

b :=

2

6664

b(ŷ0
1

· k̂0
0
)

b(ŷ0
2

· k̂0
0
)

...
b(ŷ0L · k̂0

0
)

3

7775
(21)

where b(·) is a monotonically decreasing function,
whose argument is the cosine of the angle between
the unitary vectors ŷ

0
` and k̂

0
0
. This function should

be zero, or close to zero, when the two vectors are
aligned, and should increase together with the angle
between the two vectors. An example, as proposed
by Poletti, is

b(ŷ0` · k̂0
0
) =

1
2
(1° ŷ

0
` · k̂0

0
) (22)

where ØT and ØP are regularization parameter for
the Tikhonov and Poletti regularization schemes, re-
spectively. The regularized pseudo-inverse matrix
H

†
R

can be computed with the following formula

H
†
R

:= (HH
H + ØT I + ØP B

H
B)°1

H
H (23)

where B is the L £ L diagonal matrix such that
B := diag(b). The gain vector g is again given by
equation (17), replacing the matrix H

† with H
†
R
.

As shown in the examples below, this technique al-
lows for an accurate reproduction of the target field
in the vicinity of the listener.

4. DSP IMPLEMENTATION
A block diagram of the Digital Signal Processing re-
quired for the implementation of the panning tech-
nique presented above is shown in Figure 3. It is
assumed that the absolute positions y` of the loud-
speakers are given, and also that the location of the
listener is known. The latter can be either static,
or given in real time as an input to the system if a
listener tracking device is available. The relative vir-
tual microphone locations are also given as a data.

The first signal processing step is to determine of the
relative coordinate y

0
` of the loudspeakers with re-

spect to the listener. This operation involves a sim-
ple vector translation (it is recalled that there is no
relative rotation between the absolute and relative
coordinate systems), given by formula 4. In view of
equation 8, it is possible to calculate the gains and

AES 128th Convention, London, UK, 2010 May 22–25
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Fig. 3: Block diagram of the digital signal processing system.

delays for the loudspeaker distance compensation.
The gain for each loudspeaker is simply given by its
distance |y0`|. Since the distance compensation de-
lay is actually an anticipation, a maximum delay ¢t
should be chosen first. This can be the maximum
distance between two loudspeakers. The delay for
each loudspeaker is then given by ±(t°¢t+ |y0

`|/c).

The second DSP step involves the computation of
the matrix H from the knowledge of the relative di-
rections of the loudspeakers ŷ

0
` and the virtual mi-

crophones x̂
0
m. This operation is described by equa-

tion 12, and can be computed by calculating the
scalar products ŷ

0
` · x̂

0
m, namely the cosine of the

angle between the relative directions of each virtual
microphone and each loudspeaker and the complex
exponentials ej ∞ ŷ0

`·x̂
0
m . The third processing step,

which is also the most expensive in terms of compu-
tation cost, is the computation of the regularized
pseudo-inverse matrix H

†
R
, as shown in equation

(23). This involves the computation of the scalar
products ŷ

0
` · k̂0

0
, the vector b, given by formula 21,

and the numerical inversion of the matrix.

The regularization parameters ØT and ØP are usu-
ally static data, but could also be defined dynam-
ically as a function of the listener location. For

example, for a uniform circular or spherical loud-
speaker array, an oÆ-center listener location require
more regularization eÆort than the case of a listener
in the center of the array.

It is emphasized that processing steps discussed
above do not need to be performed for each sin-
gle frequency, and can be computed oÆ-line if the
listener position is static. It should be noted that
the computation of the distance compensation gains
and delays involves only the relative distance of the
loudspeakers |ŷ0

`|, while the computation of the ma-
trices H and H

†
R

are computed from the relative
loudspeaker directions ŷ

0
`.

The following processing step involves the compu-
tation of the vector pT from the knowledge of the
relative direction of arrival k̂

0
0

of the target plane
wave, as in formula (10) (with kr = ∞ ). Since this
direction is in general not static, the computation
should be performed in real time.

Finally, the calculation of the gains g` is obtained
from the product H

†
R

pT.

It should be noted that the computation of the dis-
tance compensation gains and delays and the cal-
culation of the matrix H

†
R

does not depend on the

AES 128th Convention, London, UK, 2010 May 22–25
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Loudsp. # ¡ [deg] r [m]
1 0 4.11
2 33 4.41
3 84 4
4 114 4.7
5 179 4.4
6 214 5.2
7 263 4.7
8 292 4.6

Table 1: Loudspeaker positions (polar coordinates)

reproduced sound field. Therefore, in the case of a
target sound field p̃ as given by equation (6) that
includes multiple plane waves, the terms above can
be calculated once for all plane waves, and only the
computation of the vectors pTn and of the product
H

†
R
pTn should be calculated N times.

To validate our proposed panning technique, we have
written a software program that runs inside Cycling
74’s Max/MSP software environment (Figure 4). To
calculate H

†
R
, we used an implementation of LA-

PACK library. While the implementation was not
fully optimized, we were able to run more than 110
instances of the panner on a laptop with 2.5GHz In-
tel Core 2 Duo, while the source angle was updated
at 10 milliseconds interval.

We tested the performance of the algorithms in the
Spatialization Laboratory at the Center for Research
in Computing and the Arts (CRCA). A horizontal,
non-uniform array of eight loudspeakers has been
used for this purpose. The position of the trans-
ducers, in polar coordinates, are reported in Table
1. The performance of the algorithm was evaluated
subjectively and provided convincing results.

5. NUMERICAL SIMULATIONS
The performance of the algorithms are demonstrated
also by numerical simulations. The following simu-
lations also use the same loudspeaker arrangement
in Table 1. Ten virtual microphones are uniformly
arranged on a circle around the listener. The choice
of ∞ = 1 has been made, corresponding to an virtual
microphone array radius of 110 cm for a frequency of
500 Hz (55 cm at 1000 Hz, 220 cm at 250 Hz, etc.).
The regularization parameters chosen are ØT = 1

−1 −0.5 0 0.5 1
0

1

2

3

4

5

6

7

ŷ′
ℓ
· k̂′

0

Fig. 5: Function b(¡y0
`·k0

0
) used for the Poletti regu-

larization.

and ØP = 10, while the function b(ŷ0` · k̂0
0
) used for

the Poletti regularization is given by

b(ŷ0` · k̂0
0
) =

1
2

e°
º
6 (e

º
2 (1°ŷ0

`·k̂
0
0) ° 1.0) (24)

and is reported in Figure 5.

Figure 6 reports an example of target and repro-
duced fields for two diÆerent listener locations. The
color scale represent the real part of a complex val-
ued field, with a range from °1 (blue) to 1 (red).
The loudspeaker positions are indicated by black
dots, while the virtual microphone are represented
by § symbols. A black cross indicates the listener
position. The black arrows represent the gains of
the loudspeakers. They are directed from the corre-
sponding loudspeaker towards the listener and their
length is proportional to the magnitude (dB) of the
corresponding loudspeaker gain. The target sound
field is a plane of 210 Hz wave arriving from 45±, as
shown in Figure 6a.

Figure 7 is analogous to Figure 6, but with the op-
erating frequency corresponding to 808 Hz.

The normalized reproduction error is defined by

≤N (x,!) :=
|pT (x,!)° p(x,!)|2

|pT (x,!)|2 (25)

where pT (x,!) is the target sound field and p(x,!) is
the field reproduced by the loudspeaker array. Since
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Fig. 4: vmap Max/MSP external running on Mac OS X

the target field is a plane wave, the denominator of
the fraction above equals unity. In each figure, the
contour line defines the area where the normalized
reproduction error is less than 20%.

It can be seen that at 210 Hz an accurate reproduc-
tion of the target sound field is achieved, especially
when the listener sees many loudspeaker in the di-
rection of arrival of the target plane wave. This is the
case of Figure 6b, but when the target plane wave
arrives from a direction between two loudspeakers
near the listener, as in the case of Figure 6c, the
region of accurate reproduction is smaller. Yet the
magnitude of the loudspeaker gains is proportional
to the angle identified by the scalar product ŷ

0
` · k̂0

0
.

In other words, the loudspeaker arranged in the op-
posite direction from the direction of arrival of the
target plane wave are not contributing to the repro-
duced sound field.

Figure 8 gives an example of the panning algorithm
for a case analogous to Figure 6c, but without the
application of any regularization scheme in the com-
putation of the matrix H

†. It can be clearly seen
that the region of accurate reproduction is similar
in size (if not larger) to that in Figure 6c, but all
loudspeakers contribute to the reproduced field, re-
gardless of their relative direction with respect to
the direction of the target plane wave. Also, it can

be noted that the magnitude of the reproduced field
in regions that are distant from the listener, and in
general the acoustic energy generated by the loud-
speaker array, are much larger in Figure 6c.
At high frequency the size of the reproduction re-
gion is very small, but the loudspeakers that gener-
ate most of the energy are still close to the direction
of arrival of the target plane wave. It can be ob-
served that the arrows representing the loudspeaker
gains are identical for Figure 6 and Figure 7, since
the gains are not a function of the frequency.
It can also be seen that the phase of the sound field
is always 0±, as a consequence of the delays applied
for distance compensation.

6. CONCLUSION AND FURTHER WORK
An novel panning method for surround sound sys-
tems has been presented. The Digital Signal Pro-
cessing implementation involves a simple network of
gains and delays, which are computed depending on
the target field and on the location of the listener.
For its simplicity, the method presented is very well
suited for applications where a small computational
load is required and/or when the position of the lis-
tener is not static.
The design of the algorithm presented involves the
choice of a series of important parameters, such as

AES 128th Convention, London, UK, 2010 May 22–25

Page 9 of 12



Fazi et al. Panning Technique based on Virtual Microphone Array

(a)

(b)

(c)

Fig. 6: Target field (a) and reproduced fields for two
diÆerent listener positions (b,c). The frequency is
210 Hz.

(a)

(b)

(c)

Fig. 7: Target field (a) and reproduced fields for two
diÆerent listener positions (b,c). The frequency is
808 Hz.

[]
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Fig. 8: Reproduced field using a panning algorithm
without regularization. The frequency is 210 Hz.

the number M of virtual microphones and their ar-
rangement, the factor ∞ = kr and the regulariza-
tion parameters ØT , ØP and the function b(ŷ0` · k̂0

0
).

No specific guidance has been given for the optimal
choice of these parameters. Further work might in-
clude evaluating performance for various values of
the parameters above, with the aim of automati-
cally computing and optimizing them given a certain
loudspeaker arrangement.

It would be possible to undertake a comparative
study between the algorithm proposed and other
widely used techniques, such as High Order Am-
bisonics or Vector Based Amplitude panning. Al-
though it is not shown in this paper, the algorithm
proposed could be interpreted as a variation of a
real time High Order Ambisonics encoding and de-
coding, optimized for the given loudspeaker array
and for the given listener location.
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