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ABSTRACT

Sound intensity is a good predictor of human perception of
sound location, which can be controlled to provide impressive
direction perception to humans in soundfield reproduction
systems, especially when the loudspeakers are non-uniformly
distributed. However, the previous works in this field are all
constrained to a single sweet spot/spatial zone. We address
this challenge and propose a multizone reproduction method
for 3D soundfield in a reverberant room based on intensity
matching. We develop spatial sound intensity expressions in
a reververant room using spherical harmonic decomposition,
and build a cost function to optimize sound intensity within
multiple spatial zones. Finally, simulation results showing
the performance are presented.

Index Terms— Multizone, soundfield reproduction,
sound intensity, spherical harmonics, human perception

1. INTRODUCTION

Spatial multizone soundfield reproduction aims to reproduce
desired soundfields over multiple spatial regions, which has
various applications such as simultaneous entertainment sys-
tems in cars and personal audio systems in shared office
spaces. To achieve such personal sound zones, the multizone
reproduction was firstly formulated as creating a bright zone
and a dark zone by maximizing the ratio of energy in the
two zones, which is known as the acoustic contrast control
method [1, 2, 3]. Since then, different approaches based on
the acoustic contrast control have been proposed, including
the pressure matching approach [4, 5, 6, 7], and the modal-
domain approach [8, 9, 10, 11]. Besides of creating such two
kinds of sound zones (i.e., the bright zone and dark zone),
the generation of two zones of silence was investigated in
[12]. In [13], the authors recreated two active sound zones
by translating the local soundfields to an equivalent global
soundfield and then reconstructing the equivalent soundfield
using mode matching approach. However, these works are
based on sound pressure optimization, which is not directly
linked with human perception. This may lead to percep-
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tion degradation when there are only a limited number of
non-uniformly distributed loudspeakers [14].

Sound intensity has been controlled to improve repro-
duction performance in the perspective of perception since
Gerzon developed the sound intensity theory of sound local-
ization for reproducing psychoacoustically optimum sound
[15]. In addition to good performance for uniformly dis-
tributed loudspeakers [16, 17], the intensity based reproduc-
tion methods can achieve good localization perception in
spatially non-uniform loudspeaker arrangements [18, 19].
Besides, they can also provide less coloration (i.e., changes in
the timbre) compared with the sound pressure based methods
[20]. However, these intensity based works are all restricted
to a single reproduction position, and therefore perception de-
grades when listeners are moved from this exact reproduction
position. Recently, we proposed an intensity matching tech-
nique to optimally reproduce sound intensity over a continu-
ous spatial region using a non-uniformly placed loudspeaker
array [21], which allows listeners to freely move over the
region with good perception.

In this paper, we extend [21] to multiple spatial zones,
concurrently taking room acoustics into consideration. Our
aim is to psychoacoustically create the impression of the de-
sired sound in each spatial zone by controlling sound inten-
sity within the zone. We derive sound intensity expressions
in a reverberant room and formulate the multizone reproduc-
tion as an optimization problem based on sound intensity. Fi-
nally, we compare the proposed method with the conventional
multizone reproduction method of mode matching in a spa-
tially non-uniform loudspeaker arrangement through numeri-
cal simulations.

2. PROBLEM FORMULATION

We assume that there are a set of distinct 3D spherical zones
in a reverberant room and corresponding desired spatial
soundfields. As shown in Fig.1, the radius and the origin
of the bth spherical zone are denoted as Rb and Ob, re-
spectively, where Ob is located at the spherical coordinate
(r

(b)
o , θ

(b)
o , φ

(b)
o ) with respect to the global origin O. Any

arbitrary observation point within this bth spherical zone is
denoted as xb = (rb, θb, φb) with respect to the correspond-
ing local origin Ob. The loudspeakers are placed outside of a
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Fig. 1. Geometry of the multizone reproduction system in this
paper. The loudspeaker array surrounds the zones.

sphere with radius of Rmax from O in the room, where Rmax

is the maximum value of r(b)
o + rb for all the zones (i.e., the

loudspeaker array encompasses all the spherical zones). The
location of the `th loudspeaker is denoted as x` = (r`, θ`, φ`)
with respect to O.

Given the desired spatial soundfield {α(b)
nm(k)}, where

α
(b)
nm(k) are desired pressure coefficients1, for the bth spherical

zone, the components of desired sound intensity Id(xb, k) =
[Idr (xb, k), Idθ (xb, k), Idφ(xb, k)] at any arbitrary xb within
the zone can be written as [22, 23]

IdΨ(xb, k)=

Q∑
p=0

p∑
q=−p

S(Ψ,d)
pq (k, rb)Ypq(θb, φb); Ψ∈{r, θ, φ},

(1)with

S(r,d)
pq (k, rb) =

i

kρ0c

N∑
n=0

n∑
m=−n

N∑
n′=0

n′∑
m′=−n′

(−1)m+q

× Cnn′pα
(b)∗
nm (k)α

(b)
n′m′(k)jn(krb)j

′
n′(krb)W1W2,

(2)

denoting spherical harmonic coefficients of desired sound in-
tensity in r direction, where

Cnn′p =
√

(2n+ 1)(2n′ + 1)(2p+ 1)/4π,
jn(·) is the nth order spherical Bessel function of the first
kind, j′n(·) is the derivative of jn(·) in terms of r, ρ0 is
medium density, N = dkeRb/2e is the truncation limit of the
soundfield orders [24], k = 2πf/c is the wave number, f is
the frequency, c is the speed of propagation,

W1 =

(
n n′ p
0 0 0

)
, and W2 =

(
n n′ p
−m m′ −q

)
are Wigner 3-j symbols [25], Q = 2N is truncation order for
intensity expressions [22], and Ypq(θ, φ) = ApqPpq(cos θ)eiqφ

is the spherical harmonic of order p and degree q with
Apq = [(2p+ 1)(p− q)!/(4π(p+ q)!)]1/2, where Ppq(cos θ)
are the associated Legendre functions. In this work, we se-
lect the same truncation order for all components of sound
intensity for simplicity, at the cost of relatively more error on
the component in θ and φ direction compared to r direction.

1A soundfield in a spherical region is usually characterized by spherical
harmonic coefficients of sound pressure, which can be extracted by using
higher order microphones such as an EigenMike.

Both S(θ,d)
pq (k, rb) and S(φ,d)

pq (k, rb) have similar expressions
to (2) and are given in our previous work [22, 23].

The desired sound intensity distributions of all the spatial
zones are available in the form of (1). Our objective is to
design the driving functions for a loudspeaker array that will
simultaneously reproduce all of those intensity distributions
in multiple zones.

3. SPATIAL SOUND INTENSITY REPRESENTATION
IN A REVERBERANT ENVIRONMENT

In a reverberant room, reflections should be taken into con-
sideration in addition to the direct path. We present the point-
to-region transfer function in this section, which incorporates
both the direct path and reflections.

3.1. Point-to-region transfer function

With respect to Ob, the acoustic transfer function of the `th

loudspeaker to xb, H`(xb, k), can be expressed by the spher-
ical harmonic decomposition as

H`(xb, k) =

N∑
n=0

n∑
m=−n

β(`,b)
nm (k)jn(krb)Ynm(θb, φb), (3)

where β(`,b)
nm (k) are the sound field coefficients of the acoustic

transfer function of the `th loudspeaker to the bth zone. Note
that the position of the `th loudspeaker is x`−Ob with respect
to Ob. We also call (3) point-to-region transfer function, be-
cause the acoustic transfer function of the `th loudspeaker to
any point in the bth zone is readily available if β(`,b)

nm (k) are
known.

In this paper, we simulate β
(`,b)
nm (k) using the spheri-

cal harmonics based generalized image source method [26].
We assume all the loudspeakers as omni-directional point
sources, and model the reverberant environment as a shoe-
box room with the size denoted by (Lx, Ly, Lz) for length,
width and height. Reverberant characteristics are modeled
with the reflection coefficients of the wall surface, denoted as
d = (dx1, dx2, dy1, dy2, dz1, dz2). The infinite image depth is
truncated to Rdepth for simplicity. Every single loudspeaker in
the loudspeaker array is regarded as a separate source region.
The coefficients of the point-to-region transfer function of the
`th loudspeaker to the bth zone in the reverberant environment
can be written as [26]

β(`,b)
nm (k) =

ik√
4π
α00
nm(k), (4)

where α00
nm(k) are the coupling coefficients. The exact ex-

pression of α00
nm(k) and its detailed derivation are given in

[26]. The location information of the `th loudspeaker and the
bth zone, as well as the room parameters, is incorporated in
α00
nm(k).

Note that (4) holds only for the simulated shoebox room.
For a real-world room with arbitrary geometries, one can es-
timate β(`,b)

nm (k) from room impulse response measurements.



3.2. Reproduced sound intensity

The sound intensity for the bth zone due to the `th loud-
speaker can be written, by replacing α(b)

nm(k) with β(`,b)
nm (k)

in S(Ψ,d)
pq (k, rb) of (1), as

I
(`)
Ψ (xb, k) =

Q∑
p=0

p∑
q=−p

S(Ψ,`)
pq (k, rb)Ypq(θb, φb), (5)

where S(Ψ,`)
pq (k, rb) are intensity coefficients in Ψ direction.

Applying a frequency-dependent weight w`(k) to the `th

loudspeaker, the total sound intensity at xb due to the loud-
speaker array is given by

IaΨ(xb, k) =

NL∑
`=0

|w`(k)|2I(`)
Ψ (xb, k), (6)

where NL is the number of loudspeakers. Note that here we
assume incoherent superposition of loudspeaker signals [21].

4. MULTIZONE SOUNDFIELD REPRODUCTION

The multizone reproduction is now reduced to calculate the
loudspeaker weights that can reconstruct the desired sound
intensity for multiple spatial zones. To accurately reconstruct
the desired sound intensity within a bounded zone, it requires
that the desired intensity coefficients on the surface of the
zone (i.e., S(Ψ,d)

pq (k,Rb)) are accurately reconstructed [21].
Therefore, the problem can be formulated mathematically as

min
W
{
NP∑
b=1

τ2
b ||SA(k,Rb)W (k)−SD(k,Rb)||22}, s.t.W ≥ 0,

(7)
where NP is the number of the spatial zones, and τb is the
weighting coefficient to adjust the relative weight of different
zones, SD(k,Rb) =

[S(r,d)(k,Rb)
T ,S(θ,d)(k,Rb)

T ,S(φ,d)(k,Rb)
T ]T is a

6(Q+ 1)2 long vector with

S(Ψ,d)(k,Rb)

= [R{S(Ψ,d)
00 }, I{S(Ψ,d)

00 }, ...,R{S(Ψ,d)
QQ }, I{S

(Ψ,d)
QQ }]

T ,
(8)

whereR{·} denotes the real part, I{·} denotes the imaginary
part, W (k) = [|w1(k)|2, |w2(k)|2, ..., |wNL

(k)|2]T is a NL
long vector, and SA(k,Rb)=

[S(r,a)(k,Rb)
T ,S(θ,a)(k,Rb)

T ,S(φ,a)(k,Rb)
T ]T is a

6(Q+ 1)2 by NL matrix with

S(Ψ,a)(k,Rb) =


R{S(Ψ,1)

00 } · · · R{S(Ψ,NL)
00 }

I{S(Ψ,1)
00 } · · · I{S(Ψ,NL)

00 }
...

. . .
...

R{S(Ψ,1)
QQ } · · · R{S

(Ψ,NL)
QQ }

I{S(Ψ,1)
QQ } · · · I{S(Ψ,NL)

QQ }

 . (9)
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Fig. 2. The 8-channel loudspeaker array. The blue squares
denote the loudspeakers.

W ≥ 0 means that each component of the vector W should
be non-negative.

The optimization problem (7) can be rearranged as
min
W
||ŜAW − ŜD||22, s.t.W ≥ 0, (10)

where ŜA = [τ1SA(k,R1)T , ..., τNP
SA(k,RNP

)T ]T , and
ŜD = [τ1SD(k,R1)T , ..., τNP

SD(k,RNP
)T ]T . This prob-

lem is known as non-negative least squares (NNLS), and can
be solved using the Lawson and Hanson’s method [27]. Note
that (10) can provide optimal sound intensity reproduction in
each zone given an appropriate loudspeaker array, which al-
lows for a non-uniform array arrangement.

5. SIMULATIONS

5.1. Simulation setup and criteria
In this simulation example, we simulate a rectangular room
of size (5, 6, 3) m, with the reflection coefficients of d =
(0.6, 0.7, 0.6, 0.7, 0.6, 0.7). The image depth is Rdepth =
(3, 3, 3). The loudspeaker array consists of eight loudspeak-
ers non-uniformly distributed on a sphere with radius of 1 m,
as shown in Fig. 2. There are two 3D spherical zones (zone
#1 and zone #2) with radius R1 = R2 = 0.1 m inside the
loudspeaker array, and their origins are located at (0.3, 0, 0)
m and (−0.3, 0, 0) m, respectively. The desired soundfield
is a plane wave coming from (π/3, 4π/3) with frequency
f = 900 Hz for both zones. We treat the two zones equally,
i.e., τ1 = τ2 = 1. Sound speed is c = 343 m/s and air density
is ρ0 = 1.29 kg/m3. The mode matching method [13] is also
implemented for comparison.

In [21], we have shown that accurate reconstruction of
sound intensity guarantees a good localization perception
within the target region by perceptual experiments. As the
first objective performance measure, we define the relative
error of sound intensity as

ε(k) = 10 log10


∑
∀x̂

∣∣R{IdΨ(x̂, k)− IaΨ(x̂, k)}
∣∣2∑

∀x̂

∣∣R{IdΨ(x̂, k)}
∣∣2

 (dB),

(11)
where x̂ denotes the evaluated point. The direction of inten-
sity vector reflects the direction of travel of the sound, there-
fore, the intensity direction error η is also defined to show the
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Fig. 3. Relative error with respect to the radius for (a) zone
#1 and (b) zone #2 controlled by the intensity matching (IM)
and the mode matching (MM).
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Fig. 4. Relative error on the surface of the target region with
respect to the frequency for (a) zone #1 and (b) zone #2 con-
trolled by IM and MM.

difference in angles between two vectors

η(x̂, k) = cos−1(DOT)/π × 100(%), (12)

where

DOT =
R{Ia(x̂, k)}

‖ R{Ia(x̂, k)} ‖2
· R{Id(x̂, k)}
‖ R{Id(x̂, k)} ‖2

, (13)

with the desired intensity vector Id(x̂, k) and the reproduced
intensity vector Ia(x̂, k), respectively, at x̂. Note that here
we only consider the real part of sound intensity which rep-
resents the propagating sound energy and shows the direction
of propagation [21].
5.2. Simulation results

We first evaluate the reproduction of sound intensity within
the two target zones for both the intensity matching method
and the mode matching method. The results showing the rel-
ative error of sound intensity in the r, θ, and φ directions are
given in Fig. 3. The relative error controlled by the mode
matching is around 0 dB for all the components of sound in-
tensity vector within the two target zones. For the intensity
matching, the relative error lies between -20 dB and -10 dB
within the target zones, which is much better than the mode
matching. We note that the relative error gradually increases
for the intensity matching, whereas it remains for the mode
matching, as the radius goes up.

To examine the performance of the proposed method with
respect to the changes of frequencies, we calculate the relative
error by varying the frequency between 100 Hz and 1600 Hz.
The observation sphere is the surface of each target zone (i.e.,
the spherical surface with the maximum error). The results
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Fig. 5. The intensity direction error on plane z = 0 for (a, c)
zone #1 and (b, d) zone #2 controlled by (a-b) IM and (c-d)
MM. Black circles denote the target zones.

are shown in Fig. 4. We observe that the proposed method has
around 10 dB improvement compared with the mode match-
ing for the evaluated frequency range in both zones. The
different components of intensity vectors have similar curve
fluctuation. This analysis proves that the proposed method
can work for broadband multizone soundfield reproduction.
Note that the big fluctuations along the frequency for the pro-
posed method are due to the non-linear optimization.

The discussion above has shown that all the components
of sound intensity can be reproduced with a limited error
within the two target zones using the intensity matching
method. However, it is clear that if we are concerned to cre-
ate a realistic perception of the original sound, it requires to
ensure the reproduction of the sound direction. Therefore, we
calculate the intensity direction error on plane z = 0 using
(12). The results of the intensity matching are given in Fig.
5(a) and Fig. 5(b). The black circles denote the target zones
in the figures. It shows that the intensity matching has less
direction error within both the zones by comparing with the
results of the mode matching in Fig. 5(c) and Fig. 5(d).

6. CONCLUSION

In this paper, we propose an intensity based reproduction
method for multiple spatial zones in a reverberant room.
We match sound intensity within the spatial zones by a cost
function incorporating room transfer functions. We demon-
strate, in the simulation example with a spatially non-uniform
loudspeaker arrangement, that the proposed method can re-
produce the desired sound intensity (both magnitude and
direction) within the target zones with a smaller error than
the conventional multizone reproduction method of mode
matching, which may lead to better perception for listen-
ers. Experimental validation of the proposed method will be
conducted in future work.
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