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Previous work has demonstrated that installing secondary sources at the edge of a cavity opening

can reduce sound radiation through it, but the mechanisms are not clear, which is investigated in

this paper by using the modal decomposition method. It is found that a double layer edge system

achieves better performance than a single layer system because secondary sources at the edge of

the same layer cannot excite some modes effectively and those at different heights compensate this.

There exists an upper limit frequency for the systems with boundary installed secondary sources,

which is mainly decided by the length of the short side of the opening. More secondary source

layers at the edge will increase the upper limit frequency. VC 2018 Acoustical Society of America.
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I. INTRODUCTION

Openings in walls of enclosures or buildings are often

necessary for lighting, air circulation and access; however,

they reduce the sound transmission loss of the walls. Passive

noise control methods, such as applying porous materials,

micro-perforated absorbers, and quarter-wave resonators,

have been proposed to attenuate noise radiation through

openings, but these methods require that the opening be

sealed and/or filled with materials or structures to achieve

sufficient noise reduction.1–3 Active noise control (ANC) is

an alternative option, especially in the low frequency range.

De Salis et al. reviewed various noise control techniques for

natural ventilation openings and suggested using ANC to

supplement conventional passive attenuation in the low fre-

quency region.4

According to Huygens’s principle, every point at a wave

front may be considered as the source of secondary wavelets

with a speed equal to the speed of the waves, so the sound

power radiation from a noise source can be reduced if sec-

ondary sources are distributed over the entire transmission

path with their strengths opposite to the strengths of second-

ary wavelets.5 Elliott et al. investigated the fundamental

problem of active control of incident sound with an array of

secondary sources both in free field and through apertures.6

A clear cut-off frequency for noise control in free space is

found, and its wavelength is equal to the separation between

uniformly spaced secondary sources. It was also found that

when the size of the aperture is compatible with the acoustic

wavelength, only a few secondary sources are necessary for

good control while more secondary sources are needed if the

size of the window is larger than the wavelength.

Active control has been applied to reduce noise that

propagates into buildings through open windows. Murao

et al. proposed to apply active acoustic shielding (AAS) cells

at an open window and introduced a new multiple channel

adaptive algorithm to enlarge the AAS window size.7 In

2016, a modified multichannel Fx-LMS algorithm was pro-

posed to reduce computation complexity by summing the

secondary paths from all the secondary loudspeakers to each

error microphone.8 To avoid the use of error microphones

for the ease of implementation and maintenance, Lam et al.
installed the ANC system at the opening of a small bedroom

with a two-panel sliding window, and discussed the limita-

tions of the system and potential solutions.9 Carme et al.
integrated a loudspeaker line in the window joinery and

combined it with passive control, and the system was able to

reduce the noise level up to 30 dB compared to a typical win-

dow ajar.10

For a sound source inside an open cavity with sound

solely transmitted through the opening to the outside, global

control of sound radiation can be achieved if sufficient sec-

ondary sources are implemented at the opening to minimize

the sound pressure and its normal gradient at the opening.

The broadband control performance of a planar virtual sound

barrier (PVSB) system has been investigated and experimen-

tally confirmed.11 It was later found that when the PVSB

system is stable and there is no constraint on the output

strengths of secondary sources, an independent system can

provide the same noise reduction as the fully coupled

system.12

Although a PVSB system can reduce sound radiation

through openings, secondary sources over the entire opening

are not practical to implement in some applications because

secondary sources located in the middle of the opening some-

times affect normal functionalities of openings. Preliminarya)Electronic mail: jctao@nju.edu.cn
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research has been carried out on a single-layered secondary

source array at the edge of the opening (single layer edge sys-

tem, SLES); however, it was found that global ANC is only

effective within a very limited frequency band.13

Recently, we proposed a double-layered secondary

source arrangement at the edge of a cavity opening (double

layer edge system, DLES), which can effectively reduce

sound power radiation through openings.14 The system

achieves better performance than a SLES with the same

number of secondary sources. This paper further investigates

(1) the mechanisms of active control with boundary installed

secondary sources; (2) the difference between the SLES,

DLES, PVSB, and N layer edge system (NLES) and the rea-

son why the DLES performs better than the SLES; (3) the

upper limit effective control frequency for the SLES, DLES,

and PVSB systems.

II. THEORY

The double layer edge system is illustrated in Fig. 1,

where the secondary sources are installed at two different

heights along the edge of the opening. The secondary sour-

ces in the upper and lower layers have the same x-y coordi-

nates, and a primary sound source is inside the open cavity.

All the five walls of the cavity are assumed to be rigid, so

sound outside the cavity is solely that transmitted through

the opening.

The total sound power of the primary source and sec-

ondary sources with a control effort constraint is defined as

the cost function, which is15

J ¼ 1

2
Re qH

p pp

h i
þ Re qH

s ps

� �n o
þ bqH

s qs; (1)

where qp is the strength of the primary source, pp is the

sound pressure at the position of the primary source, qs is the

vector of the strengths of secondary sources, and ps is

the vector of the sound pressure at the positions of secondary

sources. b is a real number to constrain the outputs of sec-

ondary sources.15,16 After minimizing Eq. (1), the optimized

strengths of secondary sources can be obtained with

qs ¼ �ðRss þ bIÞ�1Rspqp; (2)

where Rss and Rsp are the real parts of Zss and Zsp. Zss is the

acoustic transfer function matrix between the secondary

sources, Zsp is the acoustic transfer function vector between

the primary source and secondary sources, and I is an iden-

tity matrix. The noise reduction is defined as the difference

between the sound power level without and with control

NR ¼ 10 log10

Woff

Won

; (3)

where Woff is the total sound power without active control

and Won is that with control. Woff can be calculated as the

integral of sound intensity over the opening area S,

Woff ¼
ð ð

S

1

2
Re ppo x; yð Þ�vpo x; yð Þ
� �

dx dy; (4)

in which ppo(x,y) is the primary sound pressure and vpo(x,y)

is the primary normal particle velocity at (x,y,ly) at the open-

ing. ppo and vpo can be expressed as a superposition of a

series of modes of an infinitely long rectangular rigid duct

/m(x,y),17

ppoðx; yÞ ¼
XL

m¼1

Ppm/mðx; yÞ; (5)

vpoðx; yÞ ¼
XL

m¼1

Vpm/mðx; yÞ; (6)

/m x; yð Þ ¼ cos
mxp
lx

x cos
myp
ly

y; (7)

where Ppm and Vpm are the modal amplitudes of the sound

pressure and particle velocity, respectively, of the mth mode

excited by the primary source. The dimension of the cavity

is lx � ly � lz.
Because of the orthogonality of /m(x,y), the contribution

of the mth mode to the total sound power is

Woff m ¼
1

2
Re q�pPpm

�KmVpmqp

� �
; (8)

where

Km ¼
ð ð

S

/m x; yð Þ/m x; yð Þ dx dy

¼

S; mx ¼ my ¼ 0

S

2
; mx ¼ 0;my 6¼ 0; or mx 6¼ 0;my ¼ 0

S

4
; mx 6¼ 0;my 6¼ 0:

8>>>>><
>>>>>:

(9)

With active control, the sound pressure and normal par-

ticle velocity at the opening are the contributions of both the

primary source and all the N secondary sources, thus, the

total sound power is

Won ¼
ð ð

S

1

2
Re ppo þ pso½ �� vpo þ vso½ �
� �

dS; (10)

FIG. 1. (Color online) Schematic diagram of a DLES.
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where pso and vso are the sums of the contributions of N sec-

ondary sources

pso ¼
XN

i¼1

XL

m¼1

Pim/mðx; yÞ; (11)

vso ¼
XN

i¼1

XL

m¼1

Vim/mðx; yÞ; (12)

and Pim and Vim are the modal amplitudes of sound pressure

and particle velocity, respectively, of the mth mode excited

by the ith secondary source.

The contribution of the mth mode to the total sound

power with control can be calculated by combining Eqs.

(10)–(12),

Won m¼
1

2
Re qp

�Ppm
�KmVpmqpþqp

�Ppm
�Km

XN

i¼1

qiVim

"

þqpVpmKm

XN

i¼1

qi
�Pim

�þ
XN

i¼1

XN

j¼1

qi
�Pim

�KmVjmqj

#
;

(13)

where qi and qj are the optimized strengths of the ith and jth
secondary sources, respectively. The total sound power can

be calculated by the sum of all the modal sound powers.

According to Ref. 11, the sound pressure excited at the

opening by the ith secondary source with the strength qi can

be expressed as

pi x; yð Þ ¼
XN

m¼1

Pi
me�jkmzlz þ Pr

mejkmzlz
� �

/m x; yð Þ

þ q0xqi

2S

XN

m¼1

/m xi; yið Þ/m x; yð Þ
Kmkmz

� exp �jkmzjlz � zijð Þ; (14)

where Pi
m and Pr

m are two coefficients that can be obtained

with the boundary conditions at the bottom and opening of

the cavity. q0 is the density of the air and x is the angular

frequency. The mth modal amplitude of sound pressure

excited by the ith secondary source is

Pim ¼ Pi
me�jkmzlz þ Pr

mejkmzlz þ
q0xqi/m xi; yið Þ

2SKmkmz

� exp �jkmzjlz � zijð Þ; (15)

and the mth modal particle velocity can be calculated with

Vim ¼
1

jq
0
x
@Pim

@z
: (16)

III. RESULTS AND DISCUSSIONS

A. Mechanism study

In the simulations, the dimension of the open cavity is

0.4 m� 1.0 m� 1.5 m (lx � ly � lz), and the size of the open-

ing is 0.4 m� 1.0 m. Because it is complicated to calculate

the sound field in the case of an unbaffled open cavity,18,19

the opening is assumed to be embedded at an infinite rigid

baffle, and the modal superposition method in Ref. 11 is

applied to obtain the theoretical acoustic transfer functions

and the sound pressure at the opening. The modal terms

included in the simulations [N in Eq. (14)] are chosen

according to the frequency to guarantee the convergence of

calculation. For example, N is chosen as 80 for 1100 Hz and

120 for 2280 Hz. The optimized strengths of secondary sour-

ces are obtained by Eq. (2).

Thirty-two secondary sources are used in the DLES,

SLES, and PVSB systems. Figure 2 shows the plan view of

the specific positions of the secondary sources in the three

configurations in the x-y plane. In the DLES, two sets of 16

secondary sources are distributed at the edge of the z¼ 1.4 m

(Nos. 1–16) and z¼ 1.45 m planes (Nos. 17–32), respec-

tively, and the two sets are at the same positions in the x-y
plane. Secondary sources Nos. 1–16 in the SLES and PVSB

are at the same positions as those in the DLES. Secondary

FIG. 2. (Color online) The plan view

of the positions of 32 secondary sour-

ces in the x-y plane in the SLES,

DLES, and PVSB, where “�” corre-

sponds to secondary sources Nos.

1–16, which are the same for the three

systems, and “�” corresponds to sec-

ondary sources Nos. 17–32.
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sources Nos. 17–32 are also at the edge of the z¼ 1.4 m

plane in the SLES, and in the PVSB system, they are evenly

distributed in the middle of the z¼ 1.4 m plane. The primary

source is set at (0.01,0.01,0.01) m.

Figure 3(a) shows the sound power level without and

with control under the three configurations. The DLES

achieves much better performance than the SLES, especially

at high frequencies. Take 1100 Hz as an example, the sound

power reduction at 1100 Hz is 5.6 dB and 37.1 dB with the

SLES and DLES, respectively. The modal decomposition

method is applied to explain the reason why the DLES out-

performs. The modes are sorted according to their modal fre-

quencies and the first 20 modes and their corresponding

modal frequencies are listed in Table I. Figure 3(b) shows

the modal sound power Wm of the first 80 modes at 1100 Hz

without and with control. It can be observed that the total

sound power of the primary sound field at 1100 Hz mainly

concentrates in the first 18 modes, and this is evidence that

including 80 modes in the calculation is sufficient. Each of

the first 18 modal sound powers is almost completely

suppressed after control with the DLES, while for the SLES,

the 1st, 3rd, 9th, 12th, and 18th modal sound powers are not

effectively attenuated, resulting in the lower reduction in

sound power.

Figure 4(a) shows the modal amplitudes of the sound

pressure p and normal particle velocity v of the 12th mode

excited by all the 32 secondary sources at 1100 Hz, which

are obtained with Eqs. (15) and (16). It can be seen that

the modal amplitudes corresponding to the 17th–32nd sec-

ondary sources in the DLES are much larger than those of

the 1st–16th secondary sources. This indicates that second-

ary sources at the edge of the z¼ 1.4 m plane cannot

excite the 12th mode effectively. Introducing secondary

sources at a different height (e.g., z ¼ 1.45 m) increases

the noise reduction of the 12th mode and contributes to

the reduction of the total sound power. Due to the limited

modal amplitudes excited by the secondary sources in the

SLES, the strengths of the secondary sources have to be

sufficiently large to effectively suppress the mode, as

shown in Fig. 4(b). This may result in control spillover,20

as evidenced by the increase of, for example, the 40th

mode as shown in Fig. 3(b).

Although secondary sources are at the same height as

well in the PVSB system, they achieve much higher noise

reduction than the SLES, as shown in Fig. 3(a). The sound

power reduction at 1100 Hz is 38.6 dB with the PVSB.

Figure 5 shows the modal amplitudes of p and v of the 40th

mode excited by the 32 secondary sources in the SLES and

PVSB system at 1100 Hz. The modal amplitudes correspond-

ing to the 17th–32nd secondary sources in the PVSB system

are much smaller than those of the rest of the secondary

sources. This indicates that secondary sources in the middle

of the opening are closer to the nodal lines of the 40th mode

than those at the edge, thus, it avoids the control spillover

and leads to higher noise reduction.

The DLES achieves much higher noise reduction than

the SLES, but increasing the number of secondary sources at

the edge of two layers does not infinitely improve the perfor-

mance. As shown in Fig. 6(a), the sound power reductions

corresponding to 88 and 172 secondary sources in the DLES

are almost the same, which means that the performance will

not be improved any more once the number reaches 88.

However, it can be seen from Fig. 6(a) that if 44 secondary

sources are added at the edge of another height z¼ 1.35 m at

the same x-y positions as those in the DLES with 88

FIG. 3. (Color online) The sound

power level (SWL) and modal sound

power with and without ANC, (a)

SWL, (b) the modal sound power at

1100 Hz.

TABLE I. The first 20 mode numbers and the corresponding modal

frequencies.

m mx my Frequency (Hz)

1 0 0 0.00

2 0 1 255.97

3 1 0 396.99

4 1 1 472.36

5 0 2 511.94

6 1 2 647.83

7 0 3 767.91

8 2 0 793.98

9 2 1 834.22

10 1 3 864.46

11 2 2 944.72

12 0 4 1023.88

13 1 4 1098.15

14 2 3 1104.58

15 3 0 1190.97

16 3 1 1218.17

17 0 5 1279.85

18 2 4 1295.66

19 3 2 1296.34

20 1 5 1340.01
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secondary sources, the 3 layer edge system (3LES) with 132

secondary sources significantly improves the noise reduction

performance. Take 2280 Hz as an example, the sound power

reduction is 10.4 dB with the DLES and 33.9 dB with the

3LES.

Figure 6(b) shows the first 120 modal sound powers at

2280 Hz. The total sound power of the primary sound field at

2280 Hz mainly concentrates in the first 70 modes, and this

is evidence that including 120 modes in the calculation is

sufficient. It can be seen from Fig. 6(b) that the DLES cannot

suppress all the modes effectively, for example, the 55th

mode. The amplitudes of p and v of the 55th mode excited

by the 88 secondary sources in the DLES and 132 secondary

sources in the 3LES are shown in Fig. 6(c). It is obvious that

the secondary sources in the 3rd layer (Nos. 89–132) excite

the 55th mode more effectively because they are at a differ-

ent height from the other 2 layers. This is the reason that the

3LES performs better than the DLES. Because the modes

can be excited more effectively, the optimized strengths of

secondary sources in the 3LES are much smaller than those

of the secondary sources in the DLES, as shown in Fig. 6(d).

There are certain modes that secondary sources at the same

layer cannot effectively excite, and introducing those at

other layers can compensate it, which helps improve the

noise reduction performance. It can be expected that an

NLES with N> 3 will further improve the performance.

B. Upper limit frequency for effective control

Section III A shows that increasing the number of sec-

ondary sources in the DLES cannot infinitely improve the

control performance. Using 20 dB as the threshold, the high-

est frequency at which the sound power reduction is more

than 20 dB is defined as f20. Figure 7 shows the half wave-

length of f20 as a function of the interval between secondary

sources in the PVSB, SLES, DLES, and 3LES. In the PVSB

system, the secondary sources are evenly distributed at the

z¼ 1.4 m plane with the same intervals along both the x and

y axes. In the SLES, DLES, and 3LES, the secondary sour-

ces are evenly distributed along the boundaries. It can be

seen that f20 of the PVSB system increases when the interval

between secondary sources becomes smaller and sound radi-

ation at any frequency can be reduced as long as there are a

sufficient number of secondary sources. The black line is the

fitted curve for the PVSB and the half wavelength of f20 is

close to the interval between secondary sources, especially

when the interval between secondary sources is small.

Another observation from Fig. 7 is that unlike the PVSB

system, f20 for the system with boundary installed secondary

sources increases when the interval between secondary sour-

ces becomes smaller at first, but once the interval reduces to

a certain value, it remains the same. This frequency is

defined as the upper limit frequency, which is the highest

frequency at which the sound radiation can be effectively

reduced with sufficiently many secondary sources. Finally,

more secondary source layers increase f20 with the same

interval between secondary sources.

Figure 8(a) shows the upper limit frequency of the

SLES, DLES, and 3LES as a function of lx when ly is fixed

as 1.0 m and lz¼ 1.5 m. There are sufficient secondary sour-

ces at the edge to achieve the best noise reduction perfor-

mance. It can be seen that more layers increase the upper

limit frequency and when lx is much smaller than ly, the

upper limit frequency increases significantly. It can also be

found that the upper limit frequency depends mainly on the

short side of the opening because it changes very little after

lx increases to 1.0 m. This is further demonstrated by the

results for a flat opening (lx is much smaller than ly) shown

in Fig. 8(b), where the wavelengths corresponding to the

FIG. 4. (Color online) The modal

amplitudes and optimized strengths of

secondary sources, (a) the amplitudes

of p and v of the 12th mode excited by

the 32 secondary sources in the SLES

and DLES at 1100 Hz, (b) the opti-

mized strengths of secondary sources

in the SLES and DLES at 1100 Hz.

FIG. 5. (Color online) The amplitudes of p and v of the 40th mode excited

by the 32 secondary sources in the SLES and PVSB system at 1100 Hz.
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FIG. 6. (Color online) Performance

analysis of the DLES and 3 layer edge

system (3LES) systems, (a) the sound

power reduction, (b) the first 120

modal sound powers at 2280 Hz with-

out and with ANC, (c) the amplitudes

of p and v of the 55th mode excited by

the 88 secondary sources in the DLES

and 132 secondary sources in the

3LES at 2280 Hz, (d) the optimized

strengths of the secondary sources in

the DLES and 3LES at 2280 Hz.

FIG. 7. (Color online) The half wave-

length of f20 as a function of the inter-

val between secondary sources in the

PVSB, SLES, DLES, and 3LES.

FIG. 8. (Color online) The upper limit

frequency of the SLES, DLES, and

3LES systems, (a) the upper limit fre-

quency of the SLES, DLES, and 3LES

as a function of lx when ly¼ 1.0 m and

lz¼ 1.5 m, (b) the wavelength of the

upper limit frequency as a function of

lx when ly¼ 1.0 m and 2.0 m,

lz¼ 1.5 m.
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upper limit frequency of the SLES and DLES are approxi-

mately lx and lx/2, respectively, and remain the same when ly
is different.

IV. CONCLUSIONS

The modal decomposition method is used to explain

why the DLES achieves better noise reduction performance

than the SLES. The reason is that secondary sources at the

edge of the same layer cannot excite some modes effectively

while those at the other height in the DLES compensate it.

Secondary sources in the middle of the opening in the PVSB

system are closer to the nodal lines of some modes than

those at the edge, which lower the possibility of control spill-

over and result in higher noise reduction. It is also found that

there exists an upper limit frequency for the SLES, DLES,

and 3LES and more secondary source layers increase the

upper limit frequency. The upper limit frequency mainly

depends on the length of the short side of the opening, espe-

cially for a flat opening.
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