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ABSTRACT
One major issue of implementing broadband active noise control
systems in reverberant rooms is the lack of reference signals. In this
work, by exploiting the spatial sound field characteristics, a time-
domain sound field separation method is developed to generate the
reference signal for broadband active noise control systems in re-
verberant rooms. The time-domain sound field separation method
separates the outgoing field produced by the primary source from
the secondary source feedback and room reverberation on a spheri-
cal array, based on spherical harmonic decomposition of the sound
field and the radial particle velocity measured by the array. Both
the effectiveness of the time-domain sound field separation method
and the applicability of the separated outgoing field as the reference
signal for a broadband active noise control system in a reverberant
room are demonstrated by simulations.

Index Terms— Active noise control, reverberation, sound field
separation, spherical harmonics, wave domain

1. INTRODUCTION

A broadband active noise control (ANC) system cancels the primary
noise by suppressing it with a secondary noise, which is generated by
filtering a reference signal of the primary noise [1]. But the presence
of the secondary source feedback and room reverberation makes it
difficult to obtain a reference signal of the primary noise for broad-
band ANC systems implemented in reverberant rooms. For broad-
band ANC systems in ducts, the reference signal can be generated
by removing the secondary source feedback from the reference sen-
sor measurement though the auxiliary-noise-aided online feedback
path estimation method [1], [2], [3]. However, the performance of
this method is limited in the room environment, where the feedback
paths are long and time-varying [3]. To the authors’ best knowledge,
there is still no effective method to generate the reference signals for
broadband ANC systems in reverberant rooms.

In this work, the authors propose to generate the reference sig-
nal for broadband ANC systems in reverberant rooms using sound
field separation (SFS) methods [4]. The principle is to separate
out a signal highly correlated with the primary noise from the sec-
ondary source feedback and room reverberation by exploiting the
spatial sound field characteristics. Existing frequency-domain and
time-domain SFS methods are reviewed in the following paragraph.
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Given measurements of the sound pressure or the particle ve-
locity on two sensor arrays [5]- [7], or measurements of the sound
pressure and the particle velocity together on one sensor array [8]-
[10], the frequency-domain methods are able to separate the sound
fields originating from two sides of the sensor arrays apart. But the
frequency-domain methods introduce additional processing delays,
thus do not suit reference signal generation for broadband ANC sys-
tems in reverberant rooms, which have strict causal control require-
ments [1]. Time domain SFS methods are preferred to generate
the reference signal for broadband ANC systems. However, exist-
ing time-domain methods can only separate apart the sound fields
originating from two sides of planar sensor arrays [11], [12], but not
necessary the sound produced by the primary source in a broadband
ANC system, where intervening sources maybe present around the
primary source.

In this work, a time-domain SFS method is developed to gener-
ate the reference signal for broadband ANC systems in reverberant
rooms. Based on spherical harmonic decomposition of the sound
field and the radial particle velocity measured by a spherical array of
acoustic vector sensors, the time domain SFS method separates the
outgoing field produced by the primary source from the secondary
source feedback and room reverberation on the array. The separated
outgoing field is used as the reference signal for a broadband ANC
system, whose performance is evaluated in a simulated time-varying
reverberant room.

2. PROBLEM FORMULATION

Consider a broadband ANC system in a reverberant room as shown
in Fig. 1. Let x = (x, y, z) and r = (r, θ, φ) be the Cartesian co-
ordinates and the spherical coordinates of a point with respect to the
origin O, respectively. The broadband ANC system is designed to
cancel the primary noise Pp(t,xe) produced by the primary source
(marked by N), by superposing it with the secondary noise Ps(t,xe)
generated by the secondary sources (marked by N)))) at two error
sensors (marked by ⊗) located at xe1 and xe2 .

In a conventional broadband ANC system, a reference sensor
would be placed close to the primary source at xr. The measurement
of the reference sensor is

Pr(t,xr) = Pp(t,xr) + Ps(t,xr) + Pδ(t,xr),

where Pp(t,xr), Ps(t,xr), and Pδ(t,xr) are the primary source
output, the secondary source feedback, and room reverberation, re-
spectively. The presence of Ps(t,xr) and Pδ(t,xr) reduces the co-
herence between the reference sensor measurement Pr(t,xr) and
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Fig. 1. A broadband ANC system in a reverberant room: The pri-
mary source is located at the origin O and marked by N, the sec-
ondary sources marked by N))), the error sensors marked by ⊗, the
acoustic vector sensors marked by •, and the sphere marked by S.

the primary noise Pp(t,xe) at the error sensor. The performance of
the broadband ANC system will deteriorate if the reference sensor
measurement is used as the reference signal directly [1], [13].

Denote the sphere of radius R surrounding the primary source
as S, as shown in Fig. 1. The outgoing field on the sphere S is only
generated by the interior sound source, i.e., the primary source, thus
is highly correlated with the primary noise Pe(t,xe) at the error sen-
sor. The incoming field, on the other hand, is due to the secondary
source feedback and room reverberation. In this work, we propose
to use a spherical array of acoustic vector sensors (marked by • in
Fig. 1) placed on the sphere S to separate the outgoing field from the
incoming field on the sphere S, and use the separated outgoing field
as the reference signal for a broadband ANC system in the reverber-
ant room [14].

3. OUTGOING FIELD SEPARATION ON A SPHERE

In this section, a frequency-domain SFS theory is first reviewed,
based on which analytical expressions of a time-domain SFS method
are developed. A realization of the method using a spherical array of
acoustic vector sensors is presented at the end of this section.

3.1. Review: Frequency-domain theory

In the frequency domain, the sound field P (k,Ω) on a sphere S of
radius R can be decomposed as [4], [15], [16]

P (k,Ω) =

∞∑
u=0

u∑
v=−u

αuv(k)Y vu (Ω), (1)

where Ω = (θ, φ), k = ω/c is the wave number with c the speed of
sound and ω the angular frequency, Y vu (Ω) is the real spherical har-
monic of order u and degree v [17], andαuv(k) are the spherical har-
monic coefficients. The spherical harmonics in (1) can be truncated
to order NR = dkRe, where d·e is the ceiling function [18], [19].

Referring to Sec. 2, the sound field P (k,Ω) on the sphere S has
two parts, i.e., the outgoing field PO(k,Ω) generated by the primary
source and the incoming field P I(k,Ω) due to the secondary source
feedback and room reverberation. Thus, we have [4], [9], [10]

P (k,Ω) = PO(k,Ω) + P I(k,Ω)

≈
NR∑
u=0

u∑
v=−u

[ιuv(k)Hu(kR)︸ ︷︷ ︸
αO
uv(k)

+κuv(k)Ju(kR)︸ ︷︷ ︸
αI
uv(k)

]Y vu (Ω), (2)

where αO
uv(k) and αI

uv(k) are the outgoing and incoming field co-
efficients, respectively. Hu(·) is the second-kind spherical Hankel
function of order u, and Ju(·) is the first-kind spherical Bessel func-
tion of order u.

The frequency-domain radial particle velocity on the sphere S
can be similarly expressed as [4], [9], [10]

V (k,Ω) =
i

ρck
· ∂P (k,Ω)

∂r

∣∣∣
r=R
≈

NR∑
u=0

u∑
v=−u

βuv(k)Y vu (Ω)

≈ i

ρc

NR∑
u=0

u∑
v=−u

[ιuv(k)H′u(kR) + κuv(k)J ′u(kR)]Y vu (Ω), (3)

where βuv(k) are spherical harmonic coefficients corresponding to
the radial particle velocity V (k,Ω) decomposition on the sphere S.
H′u(kR) and J ′u(kR) are differentiations about the argument kR. i
is the unit imaginary number, and ρ is the density of air.

From (2) and (3), the frequency-domain outgoing field coeffi-
cients αO

uv(k) are obtained as [4], [9]

αO
uv(k) = −i(kR)2J ′u(kR)Hu(kR)αuv(k)

+ ρc(kR)2Ju(kR)Hu(kR)βuv(k). (4)

Given αO
uv(k), the frequency-domain outgoing field on the sphere S

is expressed as

PO(k,Ω) ≈
NR∑
u=0

u∑
v=−u

αO
uv(k)Y vu (Ω). (5)

3.2. Proposed: Time-domain method

The analytical expressions for a time-domain SFS method are shown
in the following theorem.
Theorem 1. The time-domain outgoing field PO(t, Ω) on the sphere
S of radius R is written as

PO(t, Ω) ≈
NR∑
u=0

u∑
v=−u

ζO
uv(t)Y vu (Ω), (6)

with coefficients ζO
uv(t) given by

ζO
uv(t)=

∫ 2π

0

∫ π

0

Y vu (Ω)
[ ∫ 2τR

0

hu1 (τ)dP (t− τ,Ω)
]
dΩ

+ρc

∫ 2π

0

∫ π

0

Y vu (Ω)
[ ∫ 2τR

0

hu2 (τ)dV (t− τ,Ω)
]
dΩ, (7)

where τR = R/c, and

hu1 (t)=
u

4

u∑
v=0

u∑
v′=0

av(u)av′(u)

(v + v′ + 1)!

[
(−1)v

( t

τR

)v+v′+1

Sign(t)

+(−1)u+1
( t− 2τR

τR

)v+v′+1

Sign(t− 2τR)
]

+
1

4

u+1∑
v=0

u∑
v′=0

av(u+ 1)av′(u)

(v + v′)!

[
(−1)v

( t

τR

)v+v′

Sign(t)

+(−1)u
( t− 2τR

τR

)v+v′

Sign(t− 2τR)
]
, (8)

hu2 (t)=
1

4

u∑
v=0

u∑
v′=0

av(u)av′(u)

(v + v′)!

[
(−1)v

( t

τR

)v+v′

Sign(t)

+(−1)u+1
( t− 2τR

τR

)v+v′

Sign(t− 2τR)
]
, (9)

where Sign(·) is the sign function, and av(u) = (u+v)!
2vv!(u−v)!

[20].
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Proof. Substitution of k by ω, and R by τR in (4) results in

αO
uv(ω) = −τR(τRω)J ′u(τRω)Hu(τRω)× (iω)αuv(ω)

−ρcτR(τRω)Ju(τRω)Hu(τRω)× (iω)βuv(ω). (10)

Then, we define

ζO
uv(t)=F−1[αO

uv(ω)]

=hu1 (t) ∗ εuv(t) + ρc hu2 (t) ∗ εuv(t), (11)

whereF−1 denotes the inverse Fourier transform, and the definitions
of hu1 (t), hu2 (t), εuv(t), and εuv(t) are given in (12)-(15). Here,
εuv(t) and εuv(t) are obtained by decomposing the time derivatives
of the sound field P (t, Ω) and the radial particle velocity V (t, Ω)
on the sphere S into spherical harmonics

εuv(t) = F−1
{

(iω)αuv(ω)
}

=
d

dt

{
F−1

[ ∫ 2π

0

∫ π

0

P (ω,Ω)dΩ
]}

=
d

dt

{∫ 2π

0

∫ π

0

P (t, Ω)dΩ
}

=

∫ 2π

0

∫ π

0

dP (t, Ω)

dt
Y vu (Ω)dΩ, (12)

εuv(t) = F−1
{

(iω)βuv(ω)
}

=
d

dt

{
F−1

[ ∫ 2π

0

∫ π

0

V (ω,Ω)dΩ
]}

=
d

dt

{∫ 2π

0

∫ π

0

V (t, Ω)dΩ
}

=

∫ 2π

0

∫ π

0

dV (t, Ω)

dt
Y vu (Ω)dΩ. (13)

Next, based on expressions of the spherical Bessel function and the
spherical Hankel function [4], [20]

Hu(x) = e−ixiu+2
u∑
v=0

av(u)

(ix)v+1
,

Ju(x) =
1

2
[Hu(x)∗ +Hu(x)],

J ′u(x) =
u

x
Ju(x)− Ju+1(x),

where ∗ is the complex conjugate operation, we have the following
expansions

hu1 (t)=F−1
{
− τR(τRω)J ′u(τRω)Hu(τRω)

}
=F−1

{u
2

u∑
v=0

u∑
v′=0

av(u)av′(u)
[ (−1)v + e−2iτRω(−1)u+1

τRv+v′+1(iω)v+v′+2

]
+

1

2

u+1∑
v=0

u∑
v′=0

av(u+ 1)av′(u)
[ (−1)v + e−2iτRω(−1)u

τRv+v′(iω)v+v′+1

]}
, (14)

hu2 (t)=F−1
{
− τR(τRω)Ju(τRω)Hu(τRω)

}
=F−1

{τR
2

u∑
v=0

u∑
v′=0

av(u)av′(u)

×
[ (−1)v + (−1)u+1e−i2ωτR

(iωτR)v+v′+1

]}
. (15)

Evaluation of (14) and (15) generates (8) and (9), respectively.
Substitution of (12)-(15) into (11) leads to (7). To save space, only
the main steps of the proof are shown, and the details will be pre-
sented in a future paper.

3.3. A realization of the time-domain SFS method

A realization of the time-domain SFS method by a spherical array of
acoustic vector sensors is presented here.

Place Q acoustic vector sensors on the sphere S at xq =
(R,Ωq), with Q ≥ (NR + 1)2 [21]. Replace the continuous inte-
gration over the sphere in (7) by a finite summation at Q sampling
points with sampling weights {γq}Qq=1. An example is the Gaussian-
Legendre sampling scheme [21], which is used in the simulation.
And with measurements of the sound pressure P (n,Ωq) and the
radial particle velocity V (n,Ωq) at discrete time instant n, we have

ζO
uv(n)≈

Q∑
q=1

γqY
v
u (Ωq)×

N0∑
n′=0

{
hu1 (n′)

[
P (n− n′, Ωq)− P (n− 1− n′, Ωq)

]
+ρchu2 (n′)

[
V (n− n′, Ωq)− V (n− 1− n′, Ωq)

]}
,(16)

where N0 is the number of time-domain samples corresponding to
2τR. The differentiations of the sound pressure and the radial veloc-
ity with respect to time are approximated by finite differences. This
approximation introduces one sample delay to the time-domain SFS
method.

Substitution of ζO
uv(t) by ζO

uv(n) into (6), results in the outgoing
field at an arbitrary point on the sphere S at discrete time instants.

4. SIMULATION EXAMPLES

Simulation examples in this section illustrate the effectiveness of the
time-domain SFS method and its application in generating the refer-
ence signal for a broadband ANC system in a reverberant room.

The simulation environment is a rectangular room of size 4 m
× 4.5 m × 5 m as shown in Fig. 1. The wall reflection coefficients
are [0.71, 0.72, 0.74, 0.76, 0.78, 0.8]. One corner of the room is
located at x0 = (−1.5,−2.0,−1.8) m with respect to the origin
O. The radius of the sphere S is R = 0.34 m. The speed of sound
is c = 343 m/s, and the air density is ρ = 1.225 kg/m3. The room
impulse responses (including the radial partial velocity response) are
6800 taps long and simulated using the image source method [22].
The sampling frequency is fs = 34 kHz. N0 in (16) is chosen based
on d2R/c× fse + 1 = 69. At each sensor output, thermal noise is
added such that the signal-to-noise ratio is 30 dB. The adaptive filter
coefficients are initialized as zeros, and the step-size parameters are
chosen by trial-and-error. The simulation results are from an average
of 100 independent runs. The settings presented in this paragraph are
used in the simulations unless otherwise stated.

Two simulations are conducted and the first simulation is about
time-domain SFS. We place three point sources at (0.25, 0.0, 0.1) m,
(0.0,−0.24, 0.0) m, and (−0.1, 0.0,−0.2) m inside of the sphere S,
and three point sources at (0.0,−0.51, 0.0) m, (−0.3, 1.0, 0.0) m,
and (−0.5, 0.0, 0.5) m outside of the sphere S. The outputs of the
sources are of the form

∑6
s=1

∑100
l=0 as,l cos(2π(f0 + ∆f × l)n),

where f0 = 100 Hz, ∆f = 5 Hz, and the amplitudes {as,l} are
drawn from a zero-mean unit-variance Gaussian sequence. The trun-
cation order is NR = 5 [18], [19]. A spherical array of 72 acoustic
vector sensors are placed on the sphere S according to the Gauss-
Legendre sampling scheme [21]. We perform SFS on the sphere
for T = 30 ms. Figure 2 depicts at time instant n = 23.5 ms the
amplitudes of the outgoing field PO(n,Ω), the total field P (n,Ω),
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Fig. 2. At time instant n = 23.5 ms the amplitudes of the outgoing
field (a), the total field (b), the separated outgoing field (c), and the
field separation error (d) on the sphere S.

the separated outgoing field P̂O(n,Ω), and the field separation er-
ror PO

e (n,Ω) = PO(n,Ω) − P̂O(n,Ω) on the sphere S at Γ =
160×320 equal-angle sampling points [21]. As shown in Fig. 2, the
time-domain SFS method can accurately separate out the outgoing
field on the sphere S. And the outgoing field separation error over
the period and over the sphere is

ς = 10 log10

∑T
n=0

∑Γ
q=1 ‖P

O
e (n,Ωq)‖2∑T

n=0

∑Γ
q=1 ‖PO(n,Ωq)‖2

= −19.4 dB.

The second simulation is about noise cancellation. As shown in
Fig. 1, a primary source is placed at the originO, and two secondary
sources are placed at (±0.75, 0.75, 0.0) m. The primary source gen-
erates a broadband noise same as in the first simulation. We propose
an ANC system that uses the time-domain SFS method to generate a
reference signal, and compare its performance with the conventional
ANC system in [3]. These two ANC systems are designed to reduce
the noises at two error sensors located at (±0.09, 2.0, 0.0) m.

In the proposed ANC system, a spherical array with 32 acoustic
vector sensors are placed on the sphere S according to the Gauss-
Legendre sampling scheme [21]. The truncation order is NR =
3 [18], [19]. The outgoing field separated by the time-domain SFS
method at the 13-th acoustic vector sensor is used as the reference
signal. For the conventional ANC system, the sound pressure mea-
sured by a reference sensor located at xr = (−0.32, 0.0, 0.15) m, is
processed by a feedback path modeling and neutralization (FBPMN)
filter, and the resulting signal is used as the reference signal [3]. The
sub-filters of the FBPMN filter are all 6800 taps long with two step-
size parameters µh = 1× 10−4 and µf = 2.5× 10−5 [3]. The
FBPMN filter uses two white noises to model the feedback paths,
and the white noise to the primary noise power ratios at error sen-
sors are −20 dB. The coefficients of the feedback path modeling
sub-filter in the FBPMN filter are initialized as the coefficients of
the true feedback path [3].

The secondary source outputs of the proposed and conventional
systems are generated by passing the corresponding reference sig-
nals through two 6800-tap filters, whose coefficients are updated by
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Fig. 3. Noise power reduction at Sensor 1 achieved by the proposed
system ξ1(n), and by the conventional system ξ2(n).

the multiple error least-mean-square algorithm with step-size param-
eter µw = 1× 10−4 [23]. The secondary paths have 6800 coeffi-
cients and are known by both two systems.

Denote the noise power reduction at the error sensor as

ξ(n) = 10 log10(‖Pe(n)‖2/‖P 2
p (n)‖2),

where Pp(n) and Pe(n) are the primary noise and residual noise at
the error sensor at time n, respectively. Figure 3 depicts noise power
reduction at Sensor 1, i.e., (−0.09, 2.0, 0.0) m, achieved by the pro-
posed system ξ1(n), and by the conventional system ξ2(n). Noise
power reduction at Sensor 2 shows similar trends, thus is not shown
to save space. At time n = 4 s, the wall reflection coefficients are
increased from [0.71, 0.72, 0.74, 0.76, 0.78, 0.8] to [0.9, 0.9, 0.9,
0.9, 0.9, 0.9] to simulate a time-varying acoustic environment. The
increase of the reflection coefficients causes the feedback path coef-
ficients change abruptly. As shown in Fig. 3, the noise power reduc-
tion achieved by the conventional system is slightly worse than the
proposed system before n = 4 s. That’s because, the white noises
injected by the conventional system increase the noise pressure lev-
els at the error sensors. After that, the performance of the conven-
tional system deteriorates, because the FBPMN filter fails to track
the feedback path changes, and unable to provide a reference signal
correlated with the primary noise. The performance of the proposed
system is not affected by the feedback path changes. At n = 8 s,
the noise power at Sensor 1 is reduced by the proposed system by
more than 12.5 dB. Using variable step-size parameters or auxiliary-
noise power scheduling method can improve the performance of the
FBPMN filter, but that will make the conventional system compli-
cated [24], [25]. On the other hand, the proposed ANC system, rely-
ing on the time-domain SFS method, is easy to implement.

5. CONCLUSION

In this paper, we explored SFS methods to generate reference signals
for broadband ANC systems in reverberant rooms. Based on spheri-
cal harmonic decomposition of the sound field and the radial particle
velocity measured by a spherical array enclosing the primary source,
a time-domain SFS method was developed to separate the outgo-
ing field produced by the primary source from the secondary source
feedback and room reverberation on the array. In simulations, us-
ing the separated outgoing field as the reference signal, the proposed
broadband ANC system demonstrated robust noise cancellation per-
formance in a time-varying reverberant room. Apart from generat-
ing a reference signal for a broadband ANC system, the time-domain
SFS method can also be used for monitoring the working condition
of a machine, and for speech dereverberation [5], [7].
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