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The perceived spread (or width) of a sound source is an important attribute of an audio object
that should be controlled by a multi-channel audio reproduction system. It is desirable to ei-
ther synthesize a plausible spread of a sound object or to maintain a constant spread when the
virtual source moves. Existing sound spreading techniques such as Multiple Direction Ampli-
tude Panning (MDAP) or time-frequency decomposition typically do not account for the specific
loudspeaker arrangement and the inherent source spread generated by this layout. In this paper
we propose an optimization-based sound field control approach, termed the `1/`2 method, to ad-
just the spread of a sound source. To this end we use the velocity vector magnitude to quantify
the desired source spread. Based on the equivalence between amplitude panning and the maxi-
mization of this vector, the control of the source spread is formulated as a convex optimization
problem. We show how the velocity objective function and additional constraints affect the re-
sulting loudspeaker gain distribution. The proposed approach can be integrated into amplitude
panning systems, and allows for either a position-independent spread of moving sources or for a
smooth and continuous control of the spread parameter.

Keywords: Sound reproduction, source spread, source extent, object-based audio, amplitude pan-
ning

1. Introduction

Many real-world sound sources are characterized not only by their audio content and their per-
ceived location, but also by an extent, also termed spread or width, that represents the perceived
physical dimension of the sound source [6]. In order to recreate plausible auditory scenes, sound
reproduction systems should therefore aim to recreate this spread. This holds true in particular for
object-based audio systems, where the spread may form an attribute of an audio object that can be
transmitted and manipulated as part of the metadata of the object. In addition, sound reproduction
methods using discrete loudspeaker setups, for example such as Vector Base Amplitude Panning
(VBAP) [1] produce an inherent spread that depends on the loudspeaker density and the source posi-
tion relative to the loudspeakers. This causes fluctuations of the perceived spread if the source moves.

For use with VBAP, Pulkki [2] proposed the Multiple Direction Amplitude Panning technique
(MDAP) which synthesizes a spread audio object by a group of coherent VBAP sources. Recently,
this technique has been included in the reference renderer of the MPEG-H [3] standard which features
an angular spread parameter. The influence of the interaural cross-correlation (IACC) [4] is utilized
in reproduction techniques based on decorrelation, e.g., [5, 6, 7], including recent methods based on
time-frequency decomposition [8].
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Figure 1: Example loudspeaker setup (ITU-R BS.2051 System H) with VBAP triangulation. The red
circle represents the source trajectory used in the evaluation section.

Notwithstanding the use of a decorrelation technique, the selection and the driving gains of the
active loudspeakers is a crucial aspect in the reproduction of an audio object with a given position
and spread. Most existing methods either omit this step and assume a fixed selection, or, as in case of
MDAP, use a simple heuristic approach that is not directly linked to the desired spread value. In addi-
tion, most selection schemes, with the exception of MDAP, are difficult to extend to 3D loudspeaker
setups.

In this paper we investigate the use of optimization techniques to determine both the active loud-
speakers and their gains in order to achieve a desired spread of a reproduced audio object. This
approach is motivated by the relation between sparsity-enforcing `1 norm optimal panning and VBAP
[9]. In particular, this builds upon the relation between the `1 norm and velocity or energy vector mag-
nitude measures used to quantify source spread. We propose objective functions to calculate panning
gain vectors, and evaluate the properties of the resulting sound events.

2. Panning Sound Reproduction Techniques

In this section we introduce VBAP as one form of amplitude panning, its relation to sparse, `1-
optimal panning, and objective and subjective measures for the spread of sound sources.

2.1 Amplitude Panning and VBAP

Amplitude panning techniques create phantom images in the intended direction of an audio ob-
ject. To this end, the audio signal is replayed through a subset of the loudspeakers of a discrete
loudspeaker setup, each weighted by an individual real-valued panning gain. Vector Base Amplitude
Panning (VBAP) [1] extends amplitude panning laws to 3D using vector notation. The direction of
the virtual source and the loudspeakers positions are represented by unit vectors p = [xp yp zp]

T and
ll = [xl yl zl]

T , respectively, corresponding to points on the unit sphere. The loudspeaker setup is
expressed in matrix form as

L =
[
l1 l2 · · · lL

]
, (1)

where L is the number of loudspeakers. The unit sphere is partitioned into a set of nonoverlapping
loudspeaker triangles, typically using a Delaunay triangulation, e.g., [10]. An example of a multi-
loudspeaker setup and of the corresponding triangulation is shown in Figure 1. This 22-channel setup
is standardized as System H in ITU-R BS.2051 [11] and used throughout this paper.

To calculate the panning gains, a first step determines the triangle of active loudspeakers that
contains the source direction p. These loudspeakers denoted by the indices i, j, and k. In a second
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step the panning gains for the active loudspeakers are determined as[
gi gj gk

]T
=
[
li lj lk

]−1
p . (2)

These gains are normalized to achieve a constant sound power level at the listener position [1]. By
setting the gains of the other loudspeakers to zero, an overall gain vector g = [g1 g2 · · · gL] is formed.

2.2 Properties of VBAP

In addition to a low computational complexity, VBAP exhibits several properties that make it well-
suited to practical sound reproduction. Firstly, it enables high timbral and localization quality, albeit in
a small listening area. Outside this sweet spot, localization quality degrades gracefully by collapsing
towards the closest active loudspeaker while preserving sound quality. Most of these advantages can
be directly linked to properties of the VBAP algorithm:
Accurate particle velocity direction The direction of the particle velocity vector at the listening

position matches that of the virtual source p. This follows directly from the gain calculation
(eq. (2)). Thus, VBAP ensures good localization at low frequencies (up to ≈ 700Hz) [12, 1, 13].

Sparsity Due to the geometric triangulation approach, a virtual sound source is reproduced by at
most three loudspeakers for a 3D setup.

Locality Also following from the geometric approach, only loudspeakers in the vicinity of virtual
source position are active.

Nonnegativity By construction, the gains of the active loudspeakers are positive. That means
that sound quality degradations in the sweet spot due to destructive interference are substantially
reduced, at least for low to mid frequencies.

Uniqueness Only a single valid VBAP solution exists if the Delaunay triangulation is unique.
One objective of this paper is to investigate whether these properties can be retained in a reproduction
method for spread sound sources.

2.3 Sparse, `1-Optimal Amplitude Panning

In a recent article [9], authors of the present paper established a relation between sparse, `1-optimal
amplitude panning and VBAP. Specifically, VBAP is identical to the (global) convex optimization
problem

argmin
g
‖g‖1 (3a)

subject to Lg = p (3b)
g ≥ 0 . (3c)

if a Delaunay triangulation is used for the VBAP triangulation step. In this way, the sparsity-
promoting nature of the `1 norm is directly linked to the geometric construction underlying VBAP.

2.4 Metrics to Evaluate Sound Source Spread

Measures for the perceived width of a sound source can be distinguished into objective and per-
ceptual metrics. For amplitude panning techniques, the velocity and energy vectors (e.g., [12, 13, 10])
are widely used to describe perceived direction and spread

rv = r̂vrv =

∑L
i=1 ligi∑L
i=1 gi

(4a)

re = r̂ere =

∑L
i=1 lig

2
i∑L

i=1 g
2
i

. (4b)
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The velocity vector rv is mainly useful for lower frequencies (≤ 700Hz), while the energy vector
re described localization at higher frequencies. Both measures can be separated into a unit direction
vector r̂{v|e} and magnitude r{v|e}. Low values of r{v|e} denote wide, spread sound events. Listening
tests reported in [14] suggest that the energy vector magnitude re is a good predictor for source width.
Both vector measures are purely based on loudspeaker positions and gains, and incorporate neither
room acoustics nor properties of the loudspeaker signals such as decorrelation.

Optimization problem (3) implies that VBAP is equivalent to maximizing the velocity vector
magnitude rv while preserving the correct particle velocity direction [9]. This uses the fact that the `1
norm is identical to the sum of the elements of g and to the reciprocal of rv in case of nonnegativity∑

gi = ‖g‖1 = 1/rv if gi ≥ 0 , i = 1 . . . L . (5)

The second equality assumes that constraint (3b) holds. Thus, VBAP minimizes the low-frequency
spread for a given source direction, as described qualitatively in [1, 2].

Measures to estimate the subjectively perceived source spread include the lateral fraction (LF) and
the inter-aural cross-correlation (IACC) [4]. Their use with panning techniques has been evaluated in
[14], which recommends the IACCE3 variant as a good estimator of the perceived spread. IACCE3

averages the maximum of the cross-correlation functions between the binaural ear signals in three
octave bands centered at 500 Hz, 1 kHz, and 2 kHz. In this way, IACC includes the properties of both
the listening environment and the loudspeaker signals.

3. Source Spreading Techniques

In this section we briefly review techniques for creating source spread with amplitude panning
and propose a novel approach based on convex optimization, termed the `1/`2 method.

3.1 Multiple Direction Amplitude Panning (MDAP)

MDAP was proposed by Pulkki [2] as an extension to VBAP to achieve more uniform or extended
sound sources. To this end it creates a set of additional source directions, driven coherently by the
same source signal, around the original direction p. Recently MDAP has been adopted as the spread-
ing technique in the MPEG-H standard [15, 3]. The reference implementation of this standard allows
features an angular spread parameter α, 0◦ ≤ α ≤ 180◦ and creates a fixed set of 18 directions for
each spread source.

3.2 Decorrelation-Based Methods

Approaches to create perceived sound source spread by decorrelating the loudspeaker signals date
back to pseudo-stereo techniques [16] and evolved into more sophisticated decorrelation techniques,
e.g., [5, 6, 7]. As an advantage over coherent reproduction techniques as MDAP, they directly affect
the IACC. According to [7], this is a necessary requirement for realistic source spread. More recently,
[8] presents a spreading method that decorrelates a monophonic signal by time-frequency processing.

Notwithstanding the use of a decorrelation technique, the selection of the loudspeakers as well as
the gains used for driving these loudspeakers remains a crucial step in spreading algorithms.

3.3 Proposed `1/`2 method

In this paper we propose a novel method to determine panning gain vectors to synthesize vir-
tual sound sources with controllable spread. Thus, it is applicable both for coherent reproduction
techniques as MDAP as well as in combination with decorrelation.

The representation of VBAP as an optimization problem (3) and the equivalence between mini-
mizing the `1 norm of g and maximizing the velocity vector magnitude rv forms the starting point
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for this method. Instead of maximizing the velocity vector magnitude, the optimization problem is
altered such that the desired spread value is added as an equality constraint based on the desired ve-
locity vector magnitude r̃v. Assuming a unit norm of the resulting velocity vector (3b), this implies

‖g‖1 = 1/r̃v . (6)

However, this additional constraint fixes the value of the objective function (3a) of the original opti
mization problem to a constant value, thus rendering it ineffective. The resulting system is typically
underdetermined and therefore has a multitude of solutions which might activate very different sets
of loudspeakers.

To preserve solution uniqueness as well as the advantageous properties of VBAP-like panning
algorithms, a new objective function has to be found. In this paper we propose using a `2 norm
minimization objective on the loudspeaker gain vector. Because this objective results in the least-
squares solution subject to a `1 equality constraint on g, we refer to it as the `1/`2 method in the
following. The complete optimization problem reads

argmin
g
‖g‖2 (7a)

subject to Lg = p (7b)
‖g‖1 = 1/r̃v (7c)

g ≥ 0 . (7d)

In other words, this optimization problem yields the minimum-energy panning function that preserves
the correct particle velocity direction and velocity vector magnitude while enforcing gain nonnega-
tivity. This problem is solvable only if the desired velocity vector magnitude r̃v = 1/ ‖g‖1 does not
exceed the maximum value corresponding to the minimum ‖g‖1 defined by the VBAP solution (3).

Figure 2 illustrates the effects of this objective function and compares it to the MDAP algorithm
as specified in the MPEG-H standard [15]. To this end, the `1/`2 has been implemented in the convex
optimization modeling toolkit CVX [17, 18]. For both algorithms, a spread sound source with position
p = (40◦, 15◦) and a spread parameter α = 20◦, as defined by MPEG-H [15], is synthesized. In case
of MDAP, this leads to nine active loudspeakers, which are located up to≈ 75◦ away from the desired
source direction. In contrast, the `1/`2 method uses four loudspeakers that have a maximum angular
distance of ≈ 39.6◦ to the desired object direction p. This demonstrates that, in this example, the
proposed technique apparently preserves advantageous features of VBAP, in particular the sparsity
and locality of active loudspeakers.

4. Evaluation

In this section we evaluate the considered spreading techniques using objective and subjective
measures. To this end, we synthesize a sound source moving on a circular trajectory on a horizontal
plane that is tilted by 7.5◦ with respect to the x axis. Both the setup and the source trajectory are
shown in Figure 1. A value of α = 55◦ is selected as the desired source spread parameter. The
corresponding velocity vector magnitude rv ≈ 0.787 is determined by assuming a homogeneous
source strength over this circular distribution, resulting in

rv =
1
2
[cosα + 1] . (8)

Note that this definition differs from the “spherical cap” analogy used in [10].
As described in Sec. 2.4, the velocity and energy vector magnitudes can be used as metrics for

the source spread. In Figures 3(a) and 3(b) they are displayed as functions of the source azimuth
for the chosen source trajectory. The velocity vector magnitude is shown for MDAP, the proposed
`1/`2 method and, for comparison, the corresponding VBAP panning gains of a non-spread source.
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(b) `1/`2 method

Figure 2: Loudspeaker gain distributions for source position p = (40◦, 15◦), spread α = 20◦. The red
disks visualize the desired spread. Active loudspeakers and their gains are displayed in blue.

It is observed that rv varies considerably in case of MDAP, with lower values at positions where
the corresponding VBAP panning also has a low rv. Not surprisingly, the value for the proposed
`1/`2 method is constant at rv ≈ 0.787, because this value is enforced by the optimization constraint
(eq. (7c)). The corresponding energy vector magnitudes are shown in Fig. 3(b). Unlike rv, this
measure is not used in the objective function of the `1/`2 method. Nonetheless, this method reduces
the variation of re significantly, which can be quantified by the standard deviation σ`1/`2 = 0.027
compared to the values of σVBAP = 0.035 and σMDAP = 0.058 for VBAP and MDAP, respectively.
According to [14], this implies a more uniform source spread for the proposed technique.

Figures 3(c) and 3(d) show the number of loudspeakers with nonzero gains and the maximum
angular distance between the source center and a loudspeaker with nonzero gain. Both measures
show significantly lower numbers for the proposed technique than for MDAP. This implies that the
combined `1/`2 criterion, to some extent, preserves the favorable sparsity and locality properties that
underlie amplitude panning techniques as VBAP.

To obtain indications about the perceived source spread, the interaural cross correlation-coefficient
(IACC), specifically the IACCE3 measure, is evaluated for the same source trajectory as for the ob-
jective performance measures above. The binaural ear signals are generated by applying the BRIR
dataset [19] of a 22.2 multichannel loudspeaker system installed in a listening room that conforms to
ITU-R BS.1116. To investigate the effect of decorrelated loudspeaker signals, a decorrelation using a
bank of random-phase FIR allpass decorrelators (length 512 taps), e.g., [5], is optionally applied.

The resulting IACC values are shown in Figure 4. It is observed that the methods without decor-
relation (VBAP, MDAP, and `1/`2) do not achieve a significantly lowered IACC for most positions
on the trajectory. This coincides with observations, e.g., [7, 8], that a coherent reproduction over
multiple loudspeakers is not perceived as a spatially spread sound source. In contrast, both spread-
ing techniques using decorrelation achieve significantly reduced IACC, with mean values of ≈ 0.46
and ≈ 0.36 for MDAP + decorrelation and `1/`2 + decorrelation, respectively. However, the fluctu-
ation of the proposed method is significantly lower, which is confirmed by the standard deviations
σ`1/`2+decorr ≈ 0.053 compared to σMDAP+decorr ≈ 0.105. In particular, the `1/`2 approach does not
show the tendency of all other methods towards higher IACC values if the source position is close to
a loudspeaker. In the considered loudspeaker layout, this corresponds to azimuth angles of about 0◦,
30◦, 180◦, and 360◦. It is noted that the proposed method achieves these IACC values using a smaller
and more localizes subset of active loudspeakers, as shown in Figures 3(c) and 3(d). In combination,
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Figure 3: Objective performance measures. : VBAP, : MDAP, : Proposed `1/`2 method.
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Figure 4: Interaural cross correlation coefficients simulated for ITU-R BS.1116 listening room [19].

these performance measures suggest that the `1/`2 method enables a more consistent, controllable
spread for a wide range of source positions.

5. Conclusion

In this paper we investigated the application of convex optimization techniques to synthesize
sound sources with a controllable spread by means of amplitude panning techniques. Specifically,
we considered means to determine the set of active loudspeakers and their gains that can be used both
with coherent and decorrelated loudspeaker signals. The results show that the proposed `1/`2 tech-
nique allows a significantly better control of the source spread than existing methods as MDAP, both
in terms of objective measures as the velocity vector and energy magnitudes as well as psychoacoustic
measures as IACC. In addition, advantageous properties of panning technique, in particular sparsity
and locality of active loudspeakers, are better preserved by the proposed optimization criterion. Fur-
ther research will focus on perceptive evaluation in real-time reproduction systems, and on efficient
methods to determine or approximate such optimal loudspeaker gain distributions.
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