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Contribution

•Develop a time-domain sound field separation
method over a sphere.

•Propose to use the outgoing field on a sphere
surrounding the primary source as the refer-
ence signal for broadband active noise control
(ANC) systems in reverberant rooms.

The reference signal problem

Figure 1: A broadband ANC system in a reverberant room.

• In the reverberant room as shown in Fig. 1, there is a primary
source N, two secondary sources N))) located at xs1 and xs2, respec-
tively, and two error sensors ⊗ located at xe1 and xe2, respectively.

• The broadband ANC system pass a reference signal, which pro-
vides advanced information of the primary noise Pp(n,xe) at the
error sensor, through a digital signal processing (DSP) board to
generate the secondary noise [1].

• The measurement of the reference sensor at position xr at time n
is

Pr(n,xr) = Pp(n,xr) + Ps(n,xr) + Pδ(n,xr), (1)

– Pp(n,xr) the primary source output,
– Ps(n,xr) the secondary source feedback,
– Pδ(n,xr) the room reverberation.

• The presence of Ps(n,xr) and Pδ(n,xr) reduces the coherence be-
tween the reference sensor measurement Pr(n,xr) and the pri-
mary noise Pp(n,xe) at the error sensor.

• The performance of the broadband ANC system deteriorates if the
reference sensor measurement Pr(n,xr) is used as the reference
signal directly [1].

A time-domain sound field separation method
over a sphere

The sound field P (n,R, θ, φ) on a sphere S of radius R can be decom-
posed as [2]

P (n,R, θ, φ) =

∞∑
u=0

u∑
v=−u

αuv(n,R)Y
v
u (θ, φ), (2)

• (R, θ, φ) are spherical coordinates,
• Y vu (θ, φ) is the spherical harmonics of order u and degree v

Y vu (θ, φ) ≡



√
(2u+1)(u−|v|)!
2π(u+|v|)! P

|v|
u (cos(θ)) cos(|v|φ), v > 0,√

(2u+1)(u−|v|)!
4π(u+|v|)! P

|v|
u (cos(θ)), v = 0,√

(2u+1)(u−|v|)!
2π(u+|v|)! P

|v|
u (cos(θ)) sin(|v|φ), v < 0,

P |v|u (·) is an associated Legendre function,
• the spherical harmonic coefficients αuv(n,R) are given by [2]

αuv(n,R) =

∫ π

θ=0

∫ 2π

φ=0
P (n,R, θ, φ)Y vu (θ, φ) sin(θ)dθdφ. (3)

The outgoing field PO(n,R, θ, φ) on a sphere of radius R is

PO(n,R, θ, φ) ≈
NR∑
u=0

u∑
v=−u

ζOuv(n,R)Y
v
u (θ, φ), (4)

• ζOuv(n,R) are the outgoing field coefficients

ζOuv(n,R)

≈
Q∑
q=1

γqY
v
u (θq, φq)

Tn∑
n′=0

×{
hu1(n

′)
[
P (n− n′, R, θq, φq)− P (n− 1− n′, R, θq, φq)

]
+ ρchu2(n

′)
[
V (n− n′, R, θq, φq)− V (n− 1− n′, R, θq, φq)

]}
,

•NR is the truncation order of the outgoing field [3],
• P (n,R, θq, φq) and V (n,R, θq, φq) are the pressure and radial parti-

cle velocity, respectively,

• (θ1, φq)
Q
q=1 are sampling point positions,

• Tn is the number of samples corresponding to 2R/c,
• c is the speed of sound, ρ is the density of air,
• hu1(n) and hu2(n) are impulse responses as shown in Fig. 2.

Simulation: Sound field separation on a
sphere

• We have three point sources inside of the sphere S of radius R =
0.34 m, and another three point sources at outside of the sphere
S.
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Figure 2: The impulse responses huv(n) for v = 1, 2, u = 1, 2, and
R/c = 1.5 ms.

• The point sources generate sounds
∑100
l=1 al cos(2π(f0 + δf × l)n),

where f0 = 100 Hz, δf = 5 Hz.
• In Eq. (4), we truncate the spherical harmonics to order NR = 5.

The pressure and radial partial velocity on the sphere S are sam-
pled at seventy-two points according to the 5-th Gauss sampling
scheme.

• We conduct sound field separation over T = 30 ms. The field
estimation error is small over the whole sphere S.
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(a) Outgoing field

100 200 300

50

100

150 -6

-4

-2

0

2

4

6

(b) Total filed
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(c) Estimated outgoing field
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(d) Field estimation error

Figure 3: Sound field separation simulation: At time instant n = 23.5
ms, the amplitudes of (a) the outgoing field, (b) the total field, (c)
the estimated outgoing field, and (d) the field separation error on the
sphere S.

Simulation: Noise cancellation at two er-
ror sensors

• The simulation environment is shown in Fig. 1. We have a primary
source at the origin O, two secondary sources at (±0.75, 0.75, 0.0)
m, and two error sensors at (±0.09, 2.0, 0.0) m.

• The primary source generates a broadband noise same as in pre-
vious section.

• We propose an ANC system that uses the separated outgoing field
as the reference signal, and compare its performance with the
conventional ANC system [4].

• The outgoing field truncation order is NR = 3. The pressure and
radial partial velocity on the sphere S are sampled at thirty-two
points according to the 3-th Gauss sampling scheme.

• We increase the reflection coefficients from [0.71, 0.72, 0.74, 0.76,
0.78, 0.8] all to 0.9 at n = 4 s to simulate a time-varying environ-
ment.

• Denote the noise power reduction at the error sensor be

ξ(n) = 10log10
Pe(n)

2

Pp(n)2
, (5)

where Pp(n) and Pe(n) are the primary noise and residual noise at
the error sensor, respectively.

• Figure 4 depicts the noise power reductions at error sensor one,
i.e., (0.09, 2, 0) m achieved by the proposed system ξ1(n), and by
the conventional system ξ2(n).

• In Fig. 4, the performance of the proposed system is less affected
by the environmental changes.
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Figure 4: Noise cancellation simulation: The noise power reductions
at error sensor one (0.09, 2.0, 0.0) m achieved by the proposed system
ξ1(n), and by the conventional system ξ2(n).

Future work

• Use the sound field separation method for monitoring a machine
in a reverberant room in real-time.

• Use high order microphones to reduced the number of microphones
needed for sound field separation.
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