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Abstract 
The challenges of near-field acoustic error sensing lie in the measurement of 
the total radiated sound power and the optimization of error sensor configu-
ration which depends on the information of secondary sources configuration. 
The wave-domain strategy is proposed. In the background of the global con-
trol of radiated sound in a two-dimensional free space, the active control cost 
function is formulated in the cylindrical harmonic domain using the exterior 
sound field reproduction theory with higher order microphones as error sen-
sors. The equivalence with the minimization of the acoustic power is indicated 
by deriving the optimal secondary source strengths expression. Optimal con-
figuration parameters of error sensors are investigated via simulations. Under 
the circumstances of the same electroacoustic device configuration, perfor-
mances of the proposed strategy are compared with those of the conventional 
pressure matching strategy. Results show that better attenuation levels and 
system performances are obtained when error sensors and secondary sources 
are very close. In addition, the proposed strategy decouples the configurations 
of error sensors and secondary sources, which simplifies the optimization of 
error sensor configurations. 
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1. Introduction 

In free space active noise control (ANC), in order to achieve noise reduction in 
the whole space range, the distance between the secondary sound source and the 
primary sound source needs to be less than half a wavelength [1]. The near-field 
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acoustic error sensing strategy is also a key issue. The ANC cost function is con-
structed by using the sound field information picked up by the error sensor to 
reduce the total radiation sound power [2]. The secondary path delay of the near-
field strategy is short, which is conducive to system stability. The distance between 
the error sensor and the secondary sound source is close, which facilitates the re-
alization of a compact system. It is suitable for noise radiation control application 
scenarios such as transformers [3]-[5] and axial cooling fans [6], especially mobile 
noise sources (such as a trailer in motion [7]). However, there are many difficul-
ties in the near-field strategy, mainly in finding the appropriate cost function and 
the optimal layout of the error sensor. Qiu et al. [8] compared eight near-field 
strategies, and found that when the error sensor is very close to the secondary 
sound source, the sum of the average radial active sound intensity of the finite 
point is the optimal strategy, but the sound intensity sensing will encounter many 
difficulties in practical applications [2]. At present, the commonly used method is 
to use the square sum of the sound pressure of the finite point in the microphone 
sampling space as the cost function. The essence is to realize the inverse matching 
of the primary sound pressure at the error point (called the sound pressure match-
ing strategy in this paper). However, near-field microphones cannot effectively 
obtain sound power information at low frequencies or when the noise source size 
is large [9]. The layout of the error sensor also greatly influences the strategy’s 
noise reduction effect. Although there is an analytical optimal position [10], it is 
not easy to determine in practice, and the position deviation will greatly reduce 
the noise reduction effect [11]. The optimization method mostly uses optimiza-
tion search [12]-[14], but it needs to measure the acoustic transmission imped-
ance (ATI) of the secondary sound source in advance, that is, it depends on the 
layout information of the secondary sound source. The two are coupled with each 
other and it is difficult to obtain the optimal result. The sound field can be ex-
panded by the basis function, and the sound pressure at any point in the sound 
field can be approximated by the finite-order sound field coefficient. In recent 
years, the use of higher order microphone (HOM) to pick up the sound field for 
spatial sound field reconstruction [15]-[17] and other research has become a hot 
spot. At the same time, the sound field decomposition theory is introduced into 
ANC, and the wave-domain ANC is proposed. The corresponding adaptive algo-
rithm [18] and the secondary path modeling method [19] are explored for the 
internal sound field problem (that is, all sound sources and obstacles are located 
outside the examination area). For the external sound field problems involved in 
active control of acoustic radiation (i.e., areas other than all sound sources and 
obstacles), related technologies can be used to provide new ideas for near-field 
acoustic error sensing. In this paper, a near-field acoustic error sensing strategy in 
wave domain is proposed. Taking two-dimensional free space acoustic radiation 
as the object, HOM is used to pick up the error signal, which can effectively map 
the radiated sound power information. The optimization of the layout of the error 
sensor only needs to consider whether it accurately estimates the sound field 
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coefficient, without the need for specific secondary source layout information, 
which can greatly simplify the debugging work. Although the two-dimensional 
case is considered, the problem is more idealized, but the sound field analysis is 
simple and convenient to study the relevant laws, and the strategy is easy to extend 
to the three-dimensional case. 

2. Wave-Domain Near-Field Acoustic Error Sensing Strategy 

The use of multiple line source secondary sound sources to control the acoustic 
radiation of multiple line source primary sound sources in two-dimensional free 
space is discussed. Firstly, the model is described. Then, the sound field coefficient 
is obtained by HOM, and the sound field coefficient of the secondary sound field 
is represented by the intensity of the secondary sound source. Finally, the ANC 
cost function is given, and its adaptive algorithm is briefly introduced. 

2.1. Model Description 

The geometric representation of the problem under consideration is shown in 
Figure 1(a). The L  secondary sound sources used to cancel the primary noise 
are evenly distributed on the circumference with a radius of secsR , close to the 
primary sound source. The radius sR  of the circular region inΩ  that surrounds 
all sound sources satisfies secssR R≥  (For convenience, let secssR R=  in the ex-
amples of this paper).Outside the region inΩ , multiple HOMs are used to pick 
up the sound field information. HOM uses an open circular microphone array 
with a radius of R . The layout of the HOM can be arbitrary, which is convenient  

 

 

(△: Primary sound source, ☑: secondary sound source, ○: HOM, Coarse arrow: Sound wave). 

Figure 1. Geometrical representation of active control model for two-dimensional free space acoustic radiation. (a) Global coordi-
nate system; (b) The local coordinate system of the jth HOM. 
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to express. It is evenly distributed on the circumference with a radius of HOMjR R=  
( 1,2,...,j J= ), and the order of each HOM is the same. 

2.2. Pickup of Two-Dimensional External Sound Field 

For the local circular region ( )jΩ  of the jth ( 1,2, ,j J=  ) HOM, a local polar 
coordinate system is established, as shown in Figure 1(b). Since the sound source 
is located outside the region ( )jΩ , it can be regarded as an internal sound field 
problem. The sound pressure at any microphone position ( ) ( ),j R φ=x  on the 
HOM can be expanded by the cylindrical harmonic function as: 

 ( )( ) ( ) ( ) ( ), J
N

j j in
n n

n N
p k k kR e φα

=−

≈ ∑x   (1) 

where k  is the wave number, ( )Jn ⋅  denotes the n-th order column Bessel func-
tion, ( ) ( )j

n kα is the local acoustic field coefficient relative to the origin 

( ),j j jR θ=O  of the local coordinate system, and the truncation order 
= / 2N ekR   ,     represents the upward rounding. In order to avoid spatial ali-

asing, the number of microphones is set to 2 +1M N= . The above formula is writ-
ten in matrix form as 

 j j j=p Y α   (2) 

In the formula, jp  is the pick-up sound pressure vector of 1M × , jα  is the local 
sound field coefficient vector of ( )2 1 1N + × , jY  is the matrix of ( )2 1M N× +  
(here 2 +1M N= , so it is a square matrix), element ( )

,
J min

j n kR e φ

µ ν
  = Y , where

mµ = , 1n Nν = + + . 
Since the sound sources are located in the region inΩ , the sound field outside 

the region inΩ  is considered as the external sound field. The sound pressure
( ),r θ=x  at any point can be expanded as (time factor i te ω ) 

 ( ) ( ) ( ) ( )2, H
s

s

N
im

m m
m N

p k k kr e θβ
=−

≈ ∑x   (3) 

where ( ) ( )2Hm ⋅  is the second kind of cylindrical Hankel function of order m , 
( )m kβ  is the external sound field coefficient (hereinafter referred to as the sound 

field coefficient), and the truncation order is / 2s sN ekR=    , which is expressed 
in matrix form. 

 =p Hβ   (4) 

In the formula, p  is the 1JM ×  picking sound pressure vector, and β  is the 
sound field coefficient vector of ( )2 1 1sN + × . 

The J  group local acoustic field coefficient { } 1

J
j j=

α  was obtained by using 
the HOM array, and the Graf addition theorem of the cylindrical Hankel function 
was used [20]. 

 ( ) ( ) ( ) ( ) ( ) ( )( )2 2H H J ji m nim in
m n m j n

n
kr e kR kR e e π θθ φ

∞ − +
−

=−∞

= ∑   (5) 

The relationship between the local acoustic field coefficient jα  and the acous-
tic field coefficient β  of group j  can be obtained. 
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 ( ) ( ) ( ) ( ) ( ) ( )2H
s

j

s

N
i m nj

n m m n j
m N

k k kR e θα β −
−

=−

≈ ∑   (6) 

Written in matrix form as 

 j j=α T β   (7) 

where jT is the matrix of ( ) ( )2 1 2 1sN N+ × + , element  
( ) ( ) ( )2

,
H ji m n

j m n jkR e θ

µ ν

−
−  = T  while 1n Nµ = + + , 1sm Nν = + + . 

Combining the local sound field coefficients of group J  with Equations (2), 
(4) and (7), it can be obtained that 

 

( )

1 1

2 2

2 1sJ J JM N× +

 
 
 =
 
 
 



Y T
Y T

H

Y T

  (8) 

It should be noted that in order to guarantee the unique solution of (4), the 
equations need to be overdetermined, that is, 2 1sJM N≥ + . 

In general, using the HOM array to pick up the sound field pressure p , the 
sound field coefficient can be solved by the least square method. 

 ( ) 1H H−
=β H H H p   (9) 

( )H
  denotes conjugate transpose. If H  is morbid, regularization needs to be 

applied. 

2.3. Wave Domain Representation of Two-Dimensional Secondary 
Sound Field 

Suppose that the intensity of the thl  secondary sound source is ( )lq k , then the 
secondary sound pressure at any point ( ),r θ=x  can be expressed as 

 ( ) ( ) ( ) ( )
1

, , ,
L

s
l l

l
p k q k z r kθ

=

= ∑x   (10) 

The superscript ( )s  denotes the secondary sound field, and ( ), ,lz r kθ  de-
notes the ATI between the thl  secondary sound source and the observation 
point ( ),r θ=x . For two-dimensional free fields, there are [21] 

 ( ) ( ) ( )2
0 0, , Hl lz r k z kθ = −x x   (11) 

where 0 / 4z ckρ= , ( ),l l lr θ=x  is the thl  position of the secondary sound 
source. 

In the frequency domain, the ATI between two points is numerically equal to 
the sound pressure generated at the other point when the intensity of the unit 
sound source ( 1q =  m2/s) is applied at one point, so here ( ), ,lz r kθ  can be ex-
panded by the cylindrical harmonic function as follows 

 ( ) ( ) ( ) ( )2, , H
s

s

N
im

l ml m
m N

z r k k kr e θθ γ
=−

≈ ∑   (12) 
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( )ml kγ  is the ATI coefficient, which is independent of the position of the re-
ceiving point. Applying the following addition theorem [20]. 

 ( ) ( ) ( ) ( ) ( ) ( )2 2
0H J H lim

l m l m
m

k kr kr e θ θ
∞

−

=−∞

− = ∑x x , lr r>   (13) 

Recombine formula (11) and (12) could get 

 ( ) ( )0 J lim
ml m lk z kr e θγ −=   (14) 

With formula (3), (12)& (14), the relationship between the sound field coeffi-
cient sβ  of the secondary sound field and the secondary sound source intensity 

sq  can be obtained. 

 ( ) ( ) ( ) ( )
1

L
s

m l ml
l

k q k kβ γ
=

= ∑ , , ,s sm N N= −    (15) 

written in matrix would be 

 s s=β Γq   (16) 

Γ is the ATI coefficient matrix of ( )2 1sN L+ × , element  

[ ] ( )0, J lim
m lz kr e θ

µ ν
−=Γ , where 1sm Nµ = + + , lν = . It must be emphasized 

that Γ  is only related to the secondary sound source layout, and there is no 
error sensor layout information. 
It should be noted that due to the clear characteristics of free space acoustic 

transmission, the ATI coefficient matrix here can be given by analytical expres-
sion. In practice, the secondary path modeling method can be used to excite the 
secondary sound source in turn with white noise, and the sound field coefficient 
of the sound field obtained by HOM is the ATI coefficient of the secondary sound 
source. 

2.4. Active Control Cost Function 

After expanding the sound field in the cylindrical harmonic function domain, it 
is most intuitively to minimize the sum of the square of the sound field coefficient 

H
t tβ β  of the total sound field after control. Substituting it into t p s= +β β β  and 

formula (16), the cost function can be expressed as 

 ( ) ( ) ( ) ( )WD
H H H H H H

s s s s p p s p pJ = + + +q q Γ Γ q q Γ β β Γ q β β   (17) 

Since HΓ Γ  is a symmetric positive definite matrix, the unique optimal sec-
ondary source intensity vector can be found to be 

 ( ) 1H H
s p

−
= −q Γ Γ Γ β   (18) 

Then the near-field analysis method [10] can be used to calculate the total ra-
diation sound power tW  of the primary and secondary sound sources after con-
trol (the next section), and the noise reduction WAL  of the radiation sound 
power is obtained. 

In practice, when the wave domain control is realized, the sound pressure of the 
sound field is picked up by the HOM array and input into the adaptive controller. 
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Firstly, the sound pressure signal is transformed into the wave domain by using 
the wave domain conversion algorithm to obtain the sound field coefficient. Then, 
the secondary signal output is adjusted by the wave domain adaptive algorithm. 
The secondary sound source generates a secondary sound field, which is offset by 
the primary sound field [18]. 

3. Relationship with Acoustic Power Minimization Strategy 

The best state of active control of acoustic radiation is to minimize the radiated 
sound power after active control. Therefore, people often use the sound power 
minimization strategy and its results as a benchmark to measure the performance 
of the acoustic error sensing strategy. In this section, the relationship between the 
wave domain strategy and the radiated sound power minimization strategy is de-
rived from the perspective of the secondary sound source intensity vector. 

Using the near-field analysis method, the total radiated sound power can be 
obtained by calculating the actual sound power output of the primary and second-
ary sound sources. 

 H H H
t s s s sW C= + + +q Aq q b b q   (19) 

The meanings of A , b and C  in the formula are given in reference [2]. The 
analytical formula of the optimal secondary sound source intensity is obtained 
easily. 

 opt 1
s

−= −q A b   (20) 

For the examined model, the elements of A and b in Equation (2) are 

 [ ] ( )0
0 ,, J

2 sl sll l

z
kd ′′ =A , 1,...,l L= , 1,...,l L′ =  (21) 

 [ ] ( )0
0 ,

1
J

2

K

sl p pl

z
kd q

=

= ∑
 



b , 1,...,l L=   (22) 

In the formula, ,sl sld ′  represents the distance between the thl  secondary 
sound source and the thl′  secondary sound source, ,sl pd



 represents the dis-
tance between the thl  secondary sound source and the th  primary sound 
source, and pq



represents the intensity of the th  primary sound source. 
Comparing Equations (18) and (20), the two forms are the same. The element 

of easy derivation HΓ Γ  is expressed as 

 ( ) ( ) ( )2
0,

J J cos
s

s

N
H

m l m l l ll l m N
z kr kr m θ θ′ ′′

=−

  = −  ∑Γ Γ , 1,...,l L= , 1,...,l L′ =   (23) 

For H
pΓ β , assuming that there is no error in the estimation of the sound field 

coefficient, that is, pβ  is equal to the theoretical value 0β , the element expres-
sion of t 0

HΓ β  is 

 ( ) ( ) ( )2
0 0

1
J J cos

s

s

NK
H

m l m p l p pl m N
z kr kr m qθ θ

= =−

  = −  ∑ ∑
  



Γ β , 1,...,l L=   (24) 

where ( ),p pr θ
 

 ( 1,..., K= ) represents the position of the primary sound 
source. 
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By Neumann addition theorem [20] 

 ( ) ( ) ( ) ( )0 1 2 1 2J J J cosm m
m

kd kr kr m θ θ
∞

=−∞

= −∑   (25) 

In the formula, d  is the distance between ( )1 1,r θ  and ( )2 2,r θ , combined 
with the above formula, the formula (21) and the formula (23) and the formula 
(22) and the formula (24) are compared respectively, ignoring the constants 

0 / 2z  and 2
0z  (which will be eliminated in the operation), it is easy to see that 

when sN → +∞ , there are ( ) ( )2
0 02 / 1/ Hz z=A Γ Γ , ( ) ( )2

0 0 02 / 1/ Hz z=b Γ β , 
and then opt

s s=q q . In other words, if there is no coefficient order truncation and 
coefficient estimation error, the wave domain strategy is equivalent to the radiated 
sound power minimization strategy [22] [23]. 

However, in practice, due to the existence of coefficient order truncation and 
coefficient estimation error, there is a loss of noise reduction in the wave domain 
strategy. The former determines the extent to which the wave-domain strategy 
can achieve the optimal noise reduction opt

WAL , that is, the noise reduction upper 
limit 0WAL ; the latter determines the actual noise reduction WAL . 

4. The Influence of Error Sensor Configuration Parameters 
on Noise Reduction 

As an error sensor, the HOM array 's configuration parameters affect the accuracy 
of the coefficient estimation, which in turn affects the noise reduction. This sec-
tion lists the configuration parameters and explains the relationship between 
some parameters; two evaluation quantities-coefficient estimation error and rela-
tive noise reduction loss are defined, and the relationship between them is ex-
plored by simulating different configuration parameters. At the same time, the 
influence of each parameter on the two is discussed, and the optimal configuration 
of the error sensor is obtained. 

4.1. Configuration Parameter 

Assuming that the microphone performance is ideal, the accuracy of the sound 
field coefficient estimated by the HOM array will be affected by the single HOM 
configuration, the HOM array layout, and the wave domain conversion algorithm. 
Among them, the single HOM configuration mainly involves its order N  and 
radius R . The HOM array layout mainly includes the number of HOM J  and 
the position ( ),j j jR θ=O . For the convenience of expression, it is assumed that 
the HOM array is evenly distributed on the circumference from ( )1 HOM ,0R=O , 
so the position only involves HOMR . The wave-domain conversion algorithm uses 
the method described in section 2.2, that is, formula (9). 

Since the overdetermined condition 2 1sJM N≥ +  needs to be satisfied, the 
relationship between J  and N  can be obtained as 

 
2 1

2 2
seR f c

N
c J

π
µ

+ 
= − 
 

  (26) 
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( )

2
2 +1

seR f c
J

c N
π
µ

 +
=  
  

  (27) 

In the formula, the µ  oversampling factor is used to make a more accurate 
estimation near the frequency f . The value is obtained by experience, generally 
0.6 - 1, and 0.75 is selected for the example in this paper. It can be seen that for 
the same frequency, the more HOM, the smaller the order required; for the same 
number of HOMs, if you want to pick up a higher frequency, you need to increase 
the order. After determining N , the radius /R cN efπ=  of HOM is obtained 
by = / 2N ekR   . 

4.2. Coefficient Estimation Error and Relative Noise Reduction Loss 

Define the coefficient estimation error Eβ  as follows 

 
( ) ( )0 0

0 0

H
p p

HE
− −

=β

β β β β

β β
  (28) 

In order to improve the noise reduction effect, the HOM array needs to pick up 
the sound field information more accurately, that is, E is small. 

If the truncation effect is not considered, that is, assuming opt
0W WAL AL= , the 

loss of the actual noise reduction WAL  relative to opt
WAL  is defined as the rela-

tive noise reduction loss ∆ , and the expression is 

 
opt

opt
W W

W

AL AL
AL
−

∆ =   (29) 

In order to examine the relationship between the relative noise reduction loss
∆  and the coefficient estimation error Eβ , the number J  of HOM and the 
position HOMR  are selected as independent variables. The order N  and the ra-
dius R  are determined by the number J ; the Eβ  and the corresponding ∆  
in each case are calculated. It is assumed that the primary sound field is generated 
by four line sources with coordinates ( )1,0 , ( )1,0− , ( )0,1  and ( )0, 1− , and 
the intensity is 1 m/s3. 1 /10sR λ= + , λ  is wavelength. J  maintains 40 values. 

HOMR includes 2 parts: from /1000sR R λ+ +  to / 4sR R λ+ + , uniformly select 
20 values; from / 4sR R λ+ +  to sR R λ+ + , uniformly select 4 values (exclude 

/ 4sR R λ+ + ), which lead to total 960 group of cases. The first five-order har-
monic frequencies with a fundamental frequency of 100 Hz are calculated. The 
number of secondary sound sources is set to 2 1sL N= + , and for these 5-order 
harmonics, it is calculated to be 9, 13, 19, 23 and 29, respectively. 

Figure 2 shows the Eβ  and ∆  of the corresponding 960 groups at five har-
monic frequencies. It can be seen that the smaller the Eβ , the smaller the ∆ , 
showing a nonlinear relationship. The curve trends of each harmonic frequency 
are the same, but there are differences. If Eβ  exceeds 0.2, the noise reduction 
will lose more than 80%. If you want to lose no more than 20 %, you basically need 
to reach the Eβ  to 0.0001 order of magnitude. 
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Figure 2. Relationship between coefficient estimation error and relative noise reduction 
loss 

4.3. Optimal Configuration of Error Sensor 

The influence of configuration parameters on coefficient estimation error and 
noise reduction is discussed. Figure 3 shows the relationship between the total 
number of microphones JM  and the order N  of HOM with the coefficient es-
timation error Eβ  and the noise reduction WAL  at 100 Hz and 500 Hz, respec-
tively. These two frequencies are selected because the far-field sound pressure dis-
tribution of the primary sound field is approximately non-directional at 100 Hz, 
and has complex directivity at 500 Hz, which is representative. 

From Figure 3, it is clear that N  and JM  have the same effect on Eβ  and

WAL , respectively. WAL  has no obvious relationship with JM , even for the 
same N . N  has a great influence on WAL , and the smaller N  is, the larger 

WAL  is. When 0N = , the noise reduction effect is the best, close to the optimal 
noise reduction opt

WAL . At this time, increasing J , WAL  does not increase sig-
nificantly, but it will be affected by the HOM position HOMR . In Figure 3, the 
color of the triangle mark representing 0N =  from shallow to deep indicates 
that HOMR  is getting larger and larger. According to the observation, WAL  in-
creases first and then tends to be stable with the increase of HOMR . 

In summary, the configuration of the HOM array as an error sensor should 
select the 0-order HOM, that is, a microphone ; the choice of the number J  sat-
isfies the minimum value of the overdetermined condition, which can be obtained 
by formula (27). When the layout is uniform on the circumference, the radius

HOMR  cannot be too small, that is, the microphone cannot be too close to the 
secondary sound source, otherwise the effect will be lost. 
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Figure 3. The relationship between the total number of microphones and the order of HOM and the coefficient estimation error 
and the noise reduction respectively. (a) 100 Hz; (b) 100 Hz; (c) 500 Hz; (d) 500 Hz. 

5. Comparison with Sound Pressure Matching Strategy 

In order to compare the performance of the wave domain strategy and the com-
monly used sound pressure matching strategy, in addition to the noise reduction

WAL , three system indicators are defined: 
(1) Secondary sound source intensity energy SE 

 2
sSE = q .  (30) 

Excessive SE  will cause nonlinear response of the speaker, and long-time op-
eration will damage the device. 

(2) Secondary sound source intensity amplitude smoothness SM  

 
( )std

SM ρ
=

ρ
  (31) 

where ρ  is the amplitude of strength sq , ( )std ⋅  represents the standard devi-
ation. SM  describes the degree of difference in the intensity amplitude of the 
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secondary sound source. In practice, it is hoped that the amplitude difference is 
small, that is, SM  is large, so as to give full play to the role of each secondary 
sound source, which is conducive to system stability. 

(3) The condition number κ  of the system matrix 
Wave domain strategy: 1κ −= Γ Γ ; Sound pressure matching strategy: 

 1κ −= Z Z   (32) 

where Z  is the ATI matrix from the secondary sound source position to the er-
ror sensor position. κ  represents whether the system matrix is well-condi-
tioned. If κ  is large, the matrix is ill-conditioned, and the ANC system has poor 
robustness and is sensitive to external disturbances. 

From the previous discussion, the error sensor selects the 0-order HOM, which 
is evenly distributed on the circumference from ( )1 HOM ,R θ= ∆O , where HOMR
reflects the distance between the error sensor and the secondary sound source, 
and 50 values are uniformly selected from /1000sR λ+  to / 2sR λ+ ; the θ∆  
reflects the relative position of the error sensor layout and the secondary sound 
source layout, and 50 values are evenly selected from 0 to 2 / Jπ . At 100 Hz and 
500 Hz, respectively, for the same electro-acoustic device layout (at 100 Hz, 

11M = , 9L = ; at 500 Hz, 37M = , 29L = ), the noise reduction and three sys-
tem indexes are calculated with the change of HOMR  and θ∆ , and the two strat-
egies are used for control, as shown in Figure 4 and Figure 5. 

 

 
Figure 4. The noise reduction of the two strategies varies with HOMR  and θ∆ . (a) 100 Hz; (b) 500 Hz. 

 
From Figure 4, it can be seen that the WAL  of the two strategies increases first 

with the increase of HOMR  (that is, the error sensor is far away from the second-
ary sound source), and then tends to be stable. The WAL  of the wave domain 
strategy is significantly larger than that of the sound pressure matching strategy, 
especially when the distance between the error sensor and the secondary sound 
source is very small, WAL  is close to the optimal noise reduction opt

WAL . This is 
because the sum of the square of the sound field coefficient of the total sound field 
is closer to the total radiated sound power than the sum of the square of the sound  
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Figure 5. The system indices of the two strategies change with HOMR  and θ∆ . (a) 100 Hz (Strength energy); (b) 500 Hz (Strength 
energy); (c) 100 Hz (Strength amplitude smoothness); (d) 500 Hz (Strength amplitude smoothness); (e) 100 Hz (Condition number 
of system matrix); (f) 500 Hz (Condition number of system matrix). 
 

pressure of the error point. From the perspective of control mechanism, the sound 
pressure matching strategy only performs inverse sound pressure matching on the 
primary sound field at the position of the error sensor, while the wave domain 
strategy controls the sound field basis function that contributes significantly, from 
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Equation (3), so that the sound pressure at any point in space is reduced, and the 
effect is closer to the goal of minimizing the total radiated sound power. It is found 
from Figure 5 that the system index of the wave domain strategy is basically better 
than that of the sound pressure matching strategy, especially when the error sen-
sor is close to the secondary sound source. In summary, the near-field sensing 
performance of the wave-domain strategy is better. 

In addition, when HOMR  is very small, the WAL  and system index of the 
wave-domain strategy are almost unchanged with the change of θ∆  (the rela-
tive position of the error sensor layout and the secondary sound source layout), 
while the sound pressure matching strategy is greatly affected by it. Because when 
the wave domain strategy is used, the driving sound of the secondary sound source 
is related to the layout of the secondary sound source and the estimated sound 
field coefficient, as shown in formula (18). The ATI coefficient matrix Γ  con-
tains only the secondary sound source layout information, which is different from 
the ATI matrix Z that contains both the secondary sound source layout and the 
error sensor layout information. The estimated sound field coefficient pβ  is ob-
tained by the error sensor picking up the sound pressure and then converted by 
Equation (9), which only involves the error sensor layout. Therefore, the error 
sensor layout and the secondary sound source layout are independent of each 
other, and the error sensor layout optimization only needs to pay attention to 
whether the sound field information is accurately picked up. 

6. Conclusions 

In this paper, a wave-domain near-field acoustic error sensing strategy is pro-
posed. The equivalent relationship with the sound power minimization strategy 
and the optimal configuration parameters of the error sensor are explored, and 
compared with the sound pressure matching strategy. The research shows that: 

(1) If there is no coefficient order truncation and coefficient estimation error, 
the proposed method is equivalent to the acoustic power minimization strategy. 

(2) The best choice of error sensor is 0-order HOM, the number of which meets 
the minimum value of the overdetermined condition, and the position cannot be 
too close to the secondary sound source. 

(3) When the error sensor is close to the secondary sound source, the wave do-
main strategy achieves better noise reduction performance ; 

This feature can make the layout of the error sensor and the secondary sound 
source be optimized separately, which greatly simplifies the debugging workload 
of the layout optimization of the electroacoustic device in the project. 
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