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Introduction

Fig. 1: An illustration of sound zones.

I Sound zones enable multiple people to enjoy
different audio contents in the same acoustic
space without disturbing each other.

I We propose a general framework to create
sound zones. It trades-off between acoustic
contrast and signal distortion.

Generation of sound zones

Fig. 2: An illustration of sound zones system.

The reproduced sound pressure on the mth
mic. position by the L loudspeakers is

pm[n] =
L∑

l=1

hml [n] ∗ ql [n] ∗ x [n] = hT
mX[n]q, (1)

where hml [n] is the room impulse response,
hml =

[
hml [0], · · · , hml [K − 1]

]T , hm =[
hT

m1, · · · , hT
mL
]T , {ql [n]}L

l=1 is the control filters,

q l =
[
ql [0], · · · , ql [J − 1]

]T , q =
[
qT

1 , · · · , qT
L

]T ,

X [n] =
{

x [n− k − j + 2]
}K ,J

k=1,j=1, X[n] = IL⊗X [n],
and IL = diag(1, · · · , 1) ∈ RL×L.

The reproduced sound field in the bright zone
pB[n] =

[
p1[n], · · · , pMB [n]

]T is then

pB[n] = HT
B [n]q, (2)

where HB[n] = XT [n]
[
h1, · · · , hMB

]
, and simi-

larly pD[n], HD[n] for the dark zone.
For the total zone, pC [n] =

[
pT

B [n], pT
D[n]

]T ,
HC [n] =

[
HB[n], HD[n]

]
.

The desired sound field: dC [n] = [dT
B [n], 0T

MD
]T

The reproduction error : εC [n] = dC [n]−pC [n]

The acoustic potential energy:

eB =
1

MBN

N−1∑
n=0

pT
B [n]pB[n] =

1
MB

qT RBq, (3)

where N is the number of time samples, RB is
a spatial correlation matrix, and similarly eD,
RD for the dark zone.
The acoustic contrast : γ = eB/eD

The average reproduction error energy:

SC =
1
N

N−1∑
n=0

‖εC [n]‖2 = SB + SD, (4)

where ‖·‖ is the `2 norm, SB, SD are the distor-
tion and residual energies, respectively.

A unified framework approach
The unified framework approach is inspired by
the VSLF framework [1].
I Joint diagonalization

The solution to RBq = λRDq is a diagonal
matrix ΛLJ of the LJ eigenvalues in λ1 ≥
· · · ≥ λLJ , and the square matrix ULJ =[
u1, · · · , uLJ

]
of the LJ eigenvectors.

These jointly diagonalize RB, RD

UT
LJRBULJ = ΛLJ , UT

LJRDULJ = ILJ . (5)

I Low-rank approximation
q can be written as a linear combination, i.e.,

q = UV aV , (6)

where UV , aV are the basis function and the
weights, respectively. The first 1 ≤ V ≤ LJ
eigenvectors in ULJ are used as the basis
function; hence, the optimization is carried
out with respect to aV . The rank V is a
user parameter which controls the trade-off
between SB and γ.

I Variable Span Trade-off (VAST)

minimize SB subject to SD ≤ ε, (7)

for 1 ≤ V ≤ LJ, the solution is referred to as
a variable span trade-off (VAST) filter,

qVAST(V ,µ) = UV aV (µ) =
V∑

v=1

uv uT
v

µ + λv
rB, (8)

where µ is the Lagrange multiplier, and rB =
N−1∑N−1

n=0 HB[n]dB[n]. The solution can
vary with respect to v and µ.

Special cases
I For V = 1:

qVAST(1,µ) =
u1uT

1
µ + λ1

rB ∝ u1, (9)

which is the ACC [2] solution since u1 is
the eigenvector corresponding to the largest
eigenvalue.

I For V = LJ, µ = 1:

qVAST(LJ, 1) = UV
(
ΛV + µIV

)−1UT
V rB︸ ︷︷ ︸

aV (µ)

=
(
RB + RD

)−1rB, (10)

which is the PM [3] solution.

Table 1: Various solutions for sound zone control

µ V Analytic form

- - qVAST =
∑V

v=1

[
(µ + λv )−1uv uT

v rB
]

- 1 qACC = (µ + λ1)−1u1uT
1 rB

0 - qMD =
∑V

v=1

[
λ−1

v uv uT
v rB

]
0 LJ qMVDR = R−1

B rB

1 - qVS W =
∑V

v=1

[
(1 + λv )−1uv uT

v rB
]

1 LJ qPM =
(
RB + RD

)−1rB

Evaluation
I Acoustic contrast γ:

γV (µ) = κ2 aT
V (µ)ΛV aV (µ)
aT

V (µ)aV (µ)
(11)

leads to γV (µ) ≥ γV ′ (µ) if V ≤ V ′.

I Signal distortion SB:
SC(V ) = SB(V ) + SD(V ) as a function of V

SB(V ) = σ2
d −

V∑
v=1

λv + 2µ
(λv + µ)2 ‖u

T
v rB‖2, (12)

SD(V ) =
V∑

v=1

1
(λv + µ)2 ‖u

T
v rB‖2, (13)

where σ2
d = N−1∑N−1

n=0 ‖dB[n]‖2.

Proof-of-concept simulation
I 1 m radius circular array with three loud-

speakers, three microphone positions in
each zone, free field, ideal loudspeaker and
microphone.

I The length of {q l}3
l=1 is 50 ms, fs = 12.8 kHz.

dB[n] = HT
B [n]i (L)

J , where i (L)
J = 1L ⊗ iJ , 1L =

[1, · · · , 1]T ∈ RL×1, iJ is the first column of
IJ , µ = 1, and x [n] = δ[n].

I γ w.r.t. frequency, V , and SB w.r.t. V .

0 2 4 6.4

0
10
20
30
40

Frequency [kHz]

γ
[d

B
]

−2

12

26

40

γ
[d

B
]

1 640 1,280 1,920
0

0.6

1.2

1.8

V
S

[P
a2

]
Fig. 3: γ(f ) when V = 1 which corresponds to
ACC( ), V = 800 ( ), and V = 1920 which corre-
sponds to PM( ), γ(V ) before filtering( ), γ(V ) after
filtering( ), SB( ), SD( ), and SC( ). Note that SD

is multiplied by 150 for better visualization.

Conclusion
I A new framework to create sound zones.
I ACC and PM as special cases.
I Performance evaluation based on γ and SB.
I All solutions will have γ and SB with upper

and lower bounded by ACC and PM.
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