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ABSTRACT

Low frequency personal sound zones can be created by controlling
the sound pressure in separate spatially confined regions. The perfor-
mance of a sound zone system using wireless communication may
be degraded due to potential packet losses. In this paper, we propose
robust FIR filters for low-frequency sound zone system by incorpo-
rating information about the expected packet losses into the design.
A simulation study with eight loudspeakers surrounding two control
regions shows that the proposed filters can improve the contrast and
the sound quality when packet losses occur, with only a slight degra-
dation in performance even when there is no packet loss. With the
proposed filters, it is possible to gain 2 dB higher contrast on average
across the frequency range 20-200Hz relative to the original filters
when packet loss rate is 5%.

Index Terms— Sound zone, low frequency, wireless communi-
cation, packet loss, robustness

1. INTRODUCTION

Sound zones are often considered to provide individual audio ex-
periences to multiple listeners in the same room without the use of
headphones [1]. This can be achieved by utilizing an array of loud-
speakers to generate desired sound fields at predetermined locations
in the room [2, 3, 4]. The control scheme often employs a set of finite
impulse response (FIR) filters, which is applied for each individual
loudspeaker. In order to reproduce individual audio content in mul-
tiple zones, one zone is defined as the bright zone where the sound
is desired, and all the other zones are regarded as dark zones where
the sound should be suppressed. Combined with the principle of su-
perposition, sound zones with different audio content can be created.
Since the wave length across the audible frequencies varies signifi-
cantly, different control strategies are usually considered in different
frequency ranges [5]. In this paper, we focus on the creation of sound
zones at low frequencies, where the degrees of freedom in the sound
field is comparable to the number of available loudspeakers [6].

In a sound zone system, the input signal is first convolved with
a set of pre-determined control filters in a server, then transmitted to
each loudspeaker to create the sound zones. The transmission can
be conducted via cables that connect the server to all loudspeakers,
which has the advantages of high speed and robustness. During the
past decades, the popularity of wireless network connection has in-
creased due to its portability, increased flexibility, and lower installa-
tion costs, which motivates us to consider a sound zone system with
wireless communication in this paper. Listeners can easily set up the
system and move around freely within the room without being dis-
turbed by the cables. However, the vulnerability of wireless network
often leads to bit errors and loss of packets. Small variations in the
local environment caused by e.g. people walking around, can also
undermine system performance significantly [7]. For sound zones, it

is not only the audio quality that suffers, but especially the leakage
to the dark zones is increased, resulting in lower contrast and audi-
ble artefacts [8]. Therefore, robustness to packet losses is crucial to
high quality audio transmission in wireless channels where data loss
often happens.

In this paper, we focus on the derivation of robust filters for wire-
less low-frequency sound zone systems. Based on the assumption
of independent and identically distributed (i.i.d.) packet loss in each
channel, a set of robust FIR filters is determined for each loudspeaker
to pre-process the playback signal given the information about the
state of the wireless channels. A simulation study is conducted to
show that the proposed filters can improve the contrast and sound
quality when packet losses occur.

2. THEORY

2.1. Preliminaries

We consider a time-domain model. For microphone m (m =
1, ...,M) and loudspeaker l (l = 1, ..., L), we assume that the
room impulse response (RIR) can be represented by hm,l =
(hm,l(0), ..., hm,l(J − 1))T and FIR filters can be written as
wl = (wl(0), ..., wl(I − 1))T . The sound pressure at time n
recorded by microphone m due to loudspeaker l without packet loss
can be written as

pm,l(n) =

J−1∑
j=0

hm,l(j)

I−1∑
i=0

wl(i)xs(n− i− j), (1)

where xs is the input audio signal. Assuming the source signal xs
to be spectrally flat, it can be simplified as an unit sample sequence
and equation (1) can be written as

pm,l = Hm,lwl, (2)

where pm,l ∈ RI+J−1 and Hm,l ∈ R(I+J−1)×I is a Toeplitz ma-
trix defined as:

Hm,l =



hm,l(0)
...

. . .

hm,l(J − 1)
. . . hm,l(0)
. . .

...
hm,l(J − 1)


.

2.2. Model with i.i.d. packet loss

The input signal is filtered by the FIR filters first in the server, then
the filtered signal is sent to L loudspeakers by wireless communi-
cation which corresponds to L channels, where the packet loss may



occur. We make the simplifying assumption that the packet size is
1. For each channel l, we assume independent packet loss, which
means that each packet has probability pl to be lost. Denote δl(t) as
the observation of whether a packet is lost, with P (δl(t) = 0) = pl
and P (δl(t) = 1) = 1 − pl. The sound pressure under packet loss
can be written as:

pm,l = Hm,ldiag(δl)wl,

where δl = (δl(0), ..., δl(I − 1))T .
Let

H = (HT
1 , ...,H

T
M )T withHm = (Hm,1, ...,Hm,L),

δ = (δT1 , ..., δ
T
L )T ,w = (wT

1 , ...,w
T
L)T ,∆ = diag(δ),

the sound pressure for M microphone positions can be written as

p = H∆w. (3)

LetHB ,HD be the RIRs for the bright zone and the dark zone
respectively, since when the packet losses occur, both zones will be
affected, we can write the sound pressure for the bright and dark
zones as

pB = HB∆w, pD = HD∆w. (4)

2.3. Cost Function

We will use the following cost function:

Jpl(w) = (1− β)E{‖pB − pT ‖22}+ βE{‖pD‖22}+ λww
TRww,

(5)

where pT is the target sound pressure in the bright zone and Rw

is a weighting matrix for controlling the shape of the resulting FIR
filters as suggested in [9]. The expectation E(·) is with respect to the
packet loss ∆. The FIR filtersw can be estimated by minimizing (5)
and the solution can be derived as

wopt = [(1− β)E(∆HT
BHB∆) + βE(∆HT

DHD∆)

+λwRw]−1(1− β)E(∆)HT
BpT . (6)

The expectation of ∆ is E(∆) = E(diag(δ)) = Ψ⊗ II , where
II is an I-by-I identity matrix and Ψ = diag(1 − p1, ..., 1 − pL).
Here, ⊗ denotes Kronecker product. For the expectation of the sec-
ond moment term, each block of E(∆HT

BHB∆) has the form

[E(∆HT
BHB∆)]l1,l2

=

M∑
m=1

E(diag(δl1)HT
B,m,l1HB,m,l2diag(δl2)),

where l1, l2 = 1, ..., L. For given m, l1, l2, the expectation can be
written as

E(diag(δl1)HT
B,m,l1HB,m,l2diag(δl2))

= (HT
B,m,l1HB,m,l2)� (E{Ξl1,l2}), (7)

where � denotes Hadamard product and

Ξl1,l2 =


δl1(0)δl2(0) · · · δl1(0)δl2(I − 1)
δl1(1)δl2(0) · · · δl1(1)δl2(I − 1)

...
. . .

...
δl1(I − 1)δl2(0) · · · δl1(I − 1)δl2(I − 1)

 .

If l1 = l2 = l, equation (7) is

E(diag(δl)H
T
B,m,lHB,m,ldiag(δl))

= (1− pl)2HT
B,m,lHB,m,l � Ωl,

where Ωl = 1I + (
1

1− pl
− 1)II and 1I is an I-by-I matrix with

all elements as 1. Here, we use the fact that E{δl(t)2} = 1− pl and
E(δl(t1)δl(t2)) = (E{δl(t1)})(E{δl(t2)}) = (1−pl)2 for t1 6= t2.

If l1 6= l2, equation (7) becomes

E(diag(δl1)HT
B,m,l1HB,m,l2diag(δl2))

= (1− pl1)(1− pl2)HT
B,m,l1HB,m,l2 .

Therefore, we have

E(∆HT
BHB∆) = HT

BHB � Ω,

where

Ω =


(1− p1)2Ω1 · · · (1− p1)(1− pL)1I

(1− p1)(1− p2)1I · · · (1− p2)(1− pL)1I

...
. . .

...
(1− p1)(1− pL)1I · · · (1− pL)2ΩL

 .

Similarly, for the dark zone,

E(∆HT
DHD∆) = HT

DHD � Ω.

Thus, equation (6) has the form

wopt = [(1− β)HT
BHB � Ω + βHT

DHD � Ω

+λwRw]−1(1− β)(Ψ⊗ II)HT
BpT . (8)

3. SIMULATION

3.1. Simulation Setting

We simulate a 5.5 m by 8.65 m by 2.7 m room using Green’s func-
tion for point sources in rectangular rooms [10], with 0.6s T60 re-
verberation time and L = 8 loudspeakers. The number of micro-
phone positions sampled in the bright and dark zones are chosen as
MB = MD = 75. The setup is illustrated in Figure 1.

Fig. 1: System setup for the simulation. The blue and black circles
are the microphones in the bright zone and dark zone respectively.
The red circles are the loudspeakers.

We focus on the cases where only one channel is subject to
packet loss in our simulations. Denote ωi,p, i = 1, ..., 8 as our pro-
posed filters derived by assuming Channel i has packet loss rate p,



we vary the packet loss rate as p = 5%, 10%, 15% to see how these
filters behave. The perfomances of ωi,p are compared with the orig-
inal filters which are derived without packet loss, denoted by ωold.
The RIRs and the filters are of length J = 600 and I = 300, respec-
tively. In addition, we take β = 0.97 and λw = 10−7 in the cost
function for all packet loss conditions. The weighting matrix Rw is
chosen according to [9].

The transmission is simulated by using 10s input signal sampled
at 1200 Hz, leading to N = 12000 samples in total. We encode
the input signal into consecutive and non-overlapping blocks, each
consists of 24 samples, which corresponds to 20 ms per block.

To evaluate the performance, Smoothed Contrast and Mean
Contrast are calculated to demonstrate the performance of the sound
zone system. In addition, it is known that the Perceptual Evaluation
of Audio Quality (PEAQ) [11, 12, 13] is widely used to provide
accurate evaluation of audio quality degradation occurring through
coding procedures. We use the Objective Difference Grade (ODG)
which is an output of the PEAQ model to evaluate the quality of the
reproduced sound zone in the bright zone, and the reduction in the
sound quality due to leaked sound from another zone1. The range
of the ODG scales from 0 (imperceptible) to -4 (very annoying).
The signals are resampled to 48 kHz before the evaluation which
is the sampling frequency expected by the PEAQ model. The input
signal is chosen as Gaussian white noise for the Smoothed Contrast
and Mean Contrast results, and a 10-second segment of Dazed and
Confused from the Album “Led Zeppelin” is used for the PEAQ
model results.

3.2. Contrast

The Smoothed Contrast is derived by smoothing sound pressure in
the frequency domain by 1/12-th Octave. Denote p̂B,m,l, p̂D,m,l

the reproduced sound pressures in the bright and dark zones respec-
tively using (1) with wl(i) substituted by the estimated FIR filters,
the Smoothed Contrast is calculated by

SC(ω) = 10× log10

(
S(
∑M

m=1(
∑L

l=1
˜̂pB,m,l(ω))2/MB)

S(
∑M

m=1(
∑L

l=1
˜̂pD,m,l(ω))2)/MD

)
,

where ˜̂pB,m,l, ˜̂pD,m,l are the Fourier transform of p̂B,m,l, p̂D,m,l

respectively, and S(·) is the smoothing function.
Figure 2 plots the Smoothed Contrast of ωold and ω5,p when

evaluated with and without packet loss in Channel 5 2. The contrasts
of ωold and ω5,p are similar when no packet loss occurs. When
p = 5%, ω5,p gives 2 dB higher contrast on average across the fre-
quency range 20-200 Hz relative to ωold. When the packet loss rate
p increases (from (a) to (c)), the contrast of ωold decreases signifi-
cantly while the one of ω5,p is robust and closer to the contrast of no
packet loss case.

The Mean Contrast is defined as

MC =
1

N

N∑
n=1

CT (n),

where

CT (n) = 10× log10

(∑M
m=1(

∑L
l=1 p̂B,m,l(n))2∑M

m=1(
∑L

l=1 p̂D,m,l(n))2

)
.

1We use the basic version of the implementations for the PEAQ model
which is based on the Matlab code from McGill [14].

2Due to the limitation of space, we only present results for Channel 5
here.

(a) p = 5%

(b) p = 10%

(c) p = 15%

Fig. 2: Smoothed contrast of ωold and ω5,p when evaluated with
and without packet loss in Channel 5. ( ): ωold evaluated with
no packet loss. ( ): ω5,p evaluated with no packet loss. ( ):
ωold evaluated with p packet loss. ( ): ω5,p evaluated with p
packet loss.

Figure 3 plots the Mean Contrast for ωold and ωi,p under different
packet loss rates. It is clear to see that ωi,p generally has higher
Mean Contrast.

3.3. Sound Quality of the Reproduced Sound in Bright Zone

In this subsection, we evaluate the quality of the reproduced audio
in the bright zone for both ωold and ωi,p. The reference signal for
the PEAQ model is derived as the response from the reference loud-
speaker (Loudspeaker 7) to the sampling positions in the bright zone.
Figure 4 plots the PEAQ ODG of bright zone for ωold and ωi,p un-
der different packet loss rates and indicates that ωi,p generally has
larger ODG than ωold.

3.4. Sound Quality Reduction due to Leakage

In this subsection, we evaluate the sound quality reduction of listen-
ing to the audio when exposed to leakage as well as the intended
audio. To isolate the effects of the leakage, we consider a perfect in-
tended audio reproduction, which is not subject to the sound quality
reduction due to the sound zones processing nor the packet losses.



Fig. 3: Mean Contrast for ωold and ωi,p under different packet loss
rates. Solid lines represent Mean Contrast when evaluated with p
packet loss in Channel i usingωi,p. � represents Mean Contrast
when evaluated with p packet loss in Channel i using ωold.

Fig. 4: PEAQ ODG of bright zone for ωold and ωi,p under different
packet loss rates.

More specifically, imagine that we have two zones, denoted as Zone
A and Zone B. The wireless sound zone system reproduces audio
signal A in Zone A and seeks to reduce the leakage towards Zone
B. In addition, we have a loudspeaker (unaffected by wireless losses
or sound zones processing) reproducing audio signal B for Zone B.
We then evaluate how a person in Zone B experiences the quality of
listening to the combination of the reproduced audio signal B and
the leaked audio from Zone A under different packet loss patterns.

We treat the bright zone in previous section as Zone A and
choose the input signal for Zone B as a 10-second segment of Whole
Lotta Love from the Album “Led Zeppelin II”. A calibration pro-
cedure is conducted to ensure that the reproduced audio has equal
loudness3 in the two zones. Figure 5 plots the PEAQ ODG of Zone
B for ωold and ωi,p under different packet loss rates and shows that
our proposed filters ωi,p leads to a marginally lower reduction in the
sound quality in Zone B due to leakage from Zone A.

4. DISCUSSION

From the results presented in the previous section, it is clearly seen
that incorporating packet loss information can improve the perfor-
mance of the wireless low-frequency sound zone system. The con-
trast performance can be seen from the comparison of ωi,p plotted
against ωold in Figure 2-3. It is shown that our proposed filters ωi,p

not only improves the overall contrast when packet losses occur, but

3We use Matlab function acousticLoudness, which measures the
ISO 532-1 stationary free-field loudness.

Fig. 5: PEAQ ODG of Zone B for ωold and ωi,p under different
packet loss rates.

also has comparable performance to ωold when evaluated with no
packet loss. When p increases, the improvement is more siginificant
for frequency range 20-200 Hz, indicating the robustness of our pro-
posed filters. Furthermore, the evaluation procedure using the PEAQ
model shows that packet loss indeed leads to a lower sound quality
in the bright zone (Figure 4). In Figure 5, the differences among
the ODG values are almost negligible and all the values are close to
0 which indicates that the changes in the sound quality are imper-
ceptible. The undesired leakage under packet loss has only minor
influence on listener’s experience in another zone. This is likely due
to the reason that we can attain a high contrast in general in this sce-
nario, where the reproduced audio in Zone B is free of streaming
artifacts. The new filters ωi,p can reduce the sound quality degrada-
tion in the bright zone to some degree, and at the same time have fair
controllability of the leakage.

The robustness of ωi,p comes from the functionability of matri-
ces Ω and Ψ in equation (8). When there is no packet loss, Ω reduces
to a matrix with all entries as 1 and Ψ reduces to an identity matrix,
then equation (8) gives result as ωold. When Channel l has packet
loss, matrix Ω will reduce the magnitude of the filter for Channel l
and make the other channels compensate for this reduction, leading
to the robust performance.

The derivation of the robust filters is based on the assumption
that the packet loss channel and rate are known. In practice, it is
possible to know which channel is subject to packet loss and estimate
its packet loss rate by analyzing the sent and the received packets.
Futhermore, the results presented in this paper are limited to the i.i.d.
packet loss assumption which may be too strict in practice, hence,
it would be interesting to further incorporate dependent or bursty
packet loss patterns.

5. CONCLUSION

In this paper, it has been shown that robust FIR filters can be de-
rived for wireless low-frequency sound zone system by incorporat-
ing information about the expected packet losses. The proposed ro-
bust FIR filters can improve contrast and sound quality when packet
losses occur and still provide a comparable performance even when
there is no packet loss. Further investigation will consider incorpo-
rating bursty packet loss and also the case when all channels have
packet loss.
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