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ABSTRACT
In real-time sound field transmission systems, the driving sig-
nals of a loudspeaker array should be obtained using only the
received signals of a microphone array. For efficient trans-
formation of signals of planar or linear arrays, we previously
proposed a method of applying a transform filter in the spatio-
temporal frequency domain; this filter is defined as the wave
field reconstruction (WFR) filter. In linear array configura-
tions, the major artifact of this method is an increase in rever-
beration time and a decrease in the direct-to-reverberant en-
ergy ratio (DRR) because reflections from above and below
the microphone array can not be distinguished. We propose a
method combining circular harmonics beamforming with the
WFR filter as a preprocess in order to match the reproduced
DRR to the original one at the time the direct sound wave
is properly reproduced. Simulation results indicated that the
DRR reproduced using the proposed method was much closer
to that reproduced by the method without beamforming.

Index Terms— Wave field reconstruction filter, circular
harmonics beamforming, sound field reproduction, wave field
synthesis

1. INTRODUCTION
Sound field reproduction methods allow the calculation of
driving signals of loudspeakers for reproducing a desired
sound field. For real-time recording and reproducing sys-
tems, such as telecommunication systems, it is preferable
that the driving signals of the loudspeakers are directly trans-
formed from the received signals of microphones arranged
in the recording room without any parameters such as source
positions, directions, and original signals. We call this type
of transformation sound-pressure-to-driving-signal (SP-DS)
conversion. We previously proposed an SP-DS conversion
method for transforming received signals of a planar or linear
microphone array into driving signals of a planar or linear
loudspeaker array in the spatio-temporal frequency domain
by applying a transform filter, which is defined as a wave field
reconstruction (WFR) filter [1, 2].

In practical applications, linear array configuration of mi-
crophones and loudspeakers is simple to implement; however,

some artifacts appear. Evidently, sound sources at different
heights cannot be properly reproduced because each micro-
phone in the linear array is assumed to be omni-directional.
When sound sources are located at approximately the same
height in the recording room, listeners can localize the direc-
tions of the sources based on the precedence effect [3] even
though the reflections synthesized by the loudspeaker array
are different from the original ones. However, in a reverberant
environment, this artifact leads to an increase in the reverber-
ation time and a decrease in the direct-to-reverberant energy
ratio (DRR), which will be discussed in detail in Sec. 2. Be-
cause a different DRR from the original produces a different
perceived distance [4], it is important to match the DRR to the
original DRR at the time the direct sound wave is properly re-
produced. Although several methods have been proposed to
improve reproduction accuracy in a reverberant reproduction
room [5–9], this type of artifact originating from reverbera-
tion in the recording room has never been discussed in detail.
Even when other SP-DS conversion methods, such as the least
squares (LS) method [10], is applied, the same artifact will ap-
pear as long as a linear configuration of the omni-directional
microphone array is assumed.

We propose to combine circular harmonics (CH) beam-
forming [11, 12] with the WFR filter as a preprocessing step.
A cylindrical microphone array is used instead of a linear mi-
crophone array. Each circular array produces a beamformed
signal in which the reflections from the ceiling and floor are
reduced. The signal is then used as the input signal of the
WFR filter for linear arrays; therefore, this preprocess enables
the extraction of a two-dimensional sound field in the record-
ing room. We conducted experiments to simulate the repro-
duced DRR in a reverberant environment using the proposed
method and the method without beamforming for compari-
son.

2. WFR FILTER AND ITS LIMITATIONS
2.1. Derivation of WFR filter for linear arrays
We will now briefly revisit the derivation of the WFR filter
for linear microphone and loudspeaker arrays [1]. As given in
Fig. 1, a sound field created by primary sources is captured by
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Fig. 1. Sound field reproduction using linear distributions of
receivers and secondary sources

a linear distribution of receivers (microphones) in the source
area (recording room) and is reproduced by a linear distri-
bution of secondary sources (loudspeakers) in the target area
(reproducing room). The receivers and secondary sources are
assumed to be continuously distributed along the x-axis in the
source and target areas, respectively. The received and driving
signals in the frequency domain using the Cartesian coordi-
nates are denoted as P (x0, 0, 0, ω) and D(x0, 0, 0, ω), respec-
tively. Here, ω is the frequency. The WFR filter is designed to
transform the received signals P (x0, 0, 0, ω) into the driving
signals D(x0, 0, 0, ω) used for reproducing the sound field.

The derivation of the WFR filter for the linear receiver and
secondary source distributions is based on equating and solv-
ing the synthesized sound field, Psyn(x, y, 0, ω), described as
the spatial convolution of D(x0, 0, 0, ω) and the transfer func-
tion between the secondary source and the position in the tar-
get area, G(x− x0, y, 0, ω) [13], and the desired sound field,
Pdes(x, y, 0, ω), defined by the Rayleigh I integral in two di-
mensions. Note that the reproduced sound field is limited on
the x-y-plane at z = 0. These two equations are described in
the spatio-temporal frequency domain as follows [1]:

P̃des(kx, y, 0, ω) = 2jkρP̃ (kx, 0, 0, ω) · G̃2D(kx, y, ω)(1)

P̃syn(kx, y, 0, ω) = D̃(kx, ω) · G̃(kx, y, 0, ω), (2)
where kx denotes the spatial frequency in the direction of
x, G̃2D(·) is the two-dimensional free-field Green function,
kρ =

√
k2 − k2x, k = ω/c is the wavenumber, and c is the

speed of sound. The variable in the spatio-temporal frequency
domain is indicated by a tilde. When G(·) is assumed to be
monopole for simplicity, the WFR equation is derived as

D̃(kx, ω) = F̃ (kx, ω)P̃ (kx, 0, 0, ω), (3)
where

F̃ (kx, ω) = 4j
exp (jkρyref)

H
(1)
0 (kρyref)

. (4)

Here, H(1)
0 (·) is the 0-th order Hankel function of the first

kind, and yref is the line parallel to the secondary sources cho-
sen for proper reproduction of amplitude. Equations (3) and
(4) are discretized, and the signal transform is achieved by
applying the WFR filter (4) in the spatio-temporal frequency
domain as an FIR filter.
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Fig. 2. All primary sources at axisymmetric positions with
central axis on receiving line are equivalent to being projected
onto x-y-plane at z = 0 in source area

2.2. Limitation of WFR filter for linear arrays in rever-
berant environment
Although the linear array configurations are simple to imple-
ment, some artifacts appear. The major artifact is derived
from the two-dimensional assumption of the desired sound
field, where the primary sources cannot be properly repro-
duced unless they are on the x-y-plane at z = 0. Even though
sound sources, such as talkers, can be assumed to be approx-
imately at the same height in practical situations in telecom-
munication systems, the image sources are produced by re-
verberation [14] at different heights in the reverberant source
area. As shown in Fig. 2, all the image sources at axisymmet-
ric positions relative to the central axis on the receiving line
are equivalent to being projected onto the x-y-plane at z = 0
because the receivers are assumed to have an omni-directional
characteristic. This artifact increases reverberation time and
reduces the DRR in the target area compared with the sound
field generated directly by the primary sources, i.e., the orig-
inal sound field. The WFR filter can properly reproduce the
direct sound wave from the primary sources; therefore, lis-
teners can localize the direction of the primary sources based
on the precedence effect [3]. However, the difference in DRR
may lead to a different perceived distance to a reproduced
sound source because the DRR contains the information nec-
essary for sound source distance judgement in human audi-
tory perception [4]. Even if the transform filter is designed
using another method, for example, the LS method [10], the
same artifact may appear as long as the linear microphone
array in the source area is assumed to be omni-directional.

3. DRR MATCHING BY COMBINING WITH CH
BEAMFORMING

Initial investigations and simulations suggest that the DRR of
the reproduced sound field using the WFR filter is compara-
ble to that of the original sound field if the reflections from the
floor, ceiling, and wall in the y > 0 direction are reduced in
the source area. Therefore, it is desirable to extract the sound
wave from y < 0 on the x-y-plane at z = 0 in reverber-
ant environments. To achieve this, we propose combining a
beamforming technique with WFR filtering. The beamform-
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Fig. 3. Beamforming as preprocess of WFR filtering by using
cylindrical microphone array

ing technique we investigated is known as CH beamforming
[11, 12]. We chose this technique because it exhibits higher
performance at low frequencies compared to the conventional
delay-and-sum beamforming [15]. As shown in Fig. 3, CH
beamforming is applied to the received signals of circular ar-
rays at each x of the cylindrical microphone array as a pre-
process of WFR filtering.

3.1. CH beamforming
We reformulate the CH beamforming for the discrete case in
this context. Assume that microphones are spaced equally
and mounted on a sufficiently long and rigid cylindrical
baffle with a radius of Rm (Fig. 3). The position vec-
tor of each microphone is denoted as rij = (Rm, ϕj , xi)
in cylindrical coordinates, which corresponds to rij =
(xi, Rm cosϕj , Rm sinϕj) in Cartesian coordinates. Here,
1 ≤ i ≤ Mx and 1 ≤ j ≤ Mϕ are the indexes of each
microphone in the directions of x and ϕ, respectively.

CH beamforming is derived based on plane wave decom-
position of the captured sound field in the CH domain [11].
When the beamformed signals are denoted as PCHB(xi, ω),

PCHB(xi, ω) =

Mϕ∑
j=1

W (Rm, ϕj , ω)P (Rm, ϕj , xi, ω) (5)

with
W (Rm, ϕj , ω)

=
N∑

n=−N

(−j)−n

(
Jn(kRm)− J ′

n(kRm)

H
(1)′
n (kRm)

H(1)
n (kRm)

)−1

exp (−jn(ϕj − ϕ0)) ,

(6)
where ϕ0 is the desired direction of beamforming and is set
as π, N denotes the maximum order of circular harmonics,
Jn(·) is the Bessel function of order n, H(1)

n (·) is the Hankel
function of the first kind of order n, and J ′

n(·) and H
(1)′
n (·)

represent the derivatives of Jn(·) and H
(1)
n (·). To minimize

sampling and truncation errors, N for each ω should follow
N ≤ ⌈kRm⌉ and N < ⌈Mϕ/2⌉, where ⌈·⌉ represents the
ceiling function. The issue of noise amplification due to use
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Fig. 4. Block diagram of system using proposed method

of high-order coefficients must be properly dealt with [16].
The beamformed signal PCHB(xi, ω) is used as the input

of the WFR filter for linear arrays (3). While each output of
the CH beamforming enhances the sound wave from ϕ0 =
π, it has an omni-directional characteristic in the direction
of x; therefore, direct sound waves from primary sources are
properly reproduced.

3.2. Practical implementation of the proposed method
Fig. 4 shows a block diagram of a system using the proposed
method. The omni-directional microphones are aligned on the
rigid cylindrical baffle. The sound wave from the direction
of y < 0 on the x-y-plane at z = 0 is enhanced by using
CH beamforming. The beamformed signals are transformed
into the spatio-temporal frequency domain, where the WFR
filter is applied in order to obtain driving signals of the linear
loudspeaker array.

4. EXPERIMENT
4.1. Experimental setup
Numerical simulations were conducted to evaluate the perfor-
mance of the proposed method. For comparison, delay-and-
sum beamforming was also explored and tested as an alter-
native to CH beamforming. Both the source and target areas
were assumed to be (3.84, 7.0, 3.0) m with a reflection coef-
ficient of 0.83. The number of microphones in the cylindrical
array, Mx ×Mϕ, was 64× 3. The microphones were spaced
6.0 cm apart along the length of the cylinder, and the radius
of the cylinder was 1.8 cm. The center of the cylindrical ar-
ray was located at (0.0, 0.0,−0.5) m, and its center axis was
located at (y, z) = (0.0,−0.5) m. A linear microphone array
without beamforming, Mx = 64, was also evaluated, and its
center axis was located at (y, z) = (0.0,−0.5) m. The linear
loudspeaker array consisted of 64 loudspeakers spaced 6.0 cm
apart in the target area. Similarly, its center axis was located
at (y, z) = (0.0,−0.5) m. The directivity of both the micro-
phones and loudspeakers was assumed to be omni-directional.
The primary source was assumed to be a point source located
at (0.0,−1.0,−0.5) m. The simulated results were sampled
within a 3.0×3.0 m area centered at (0.0, 2.0,−0.5) m with
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intervals of 0.3 m. The sampling frequency was 48 kHz,
and the frequency band of interest was chosen to be between
20 Hz to 3 kHz to eliminate the effects of spatial aliasing. The
image source method [14] was used to simulate a reverberant
environment.

For simplicity, the beamformed signals were generated
using the beam pattern of the beamformer. This is because
generating signals scattered on the baffled cylinder is very
time-consuming due to the large number of elements and the
extensive equations that need to be computed. We verified
that this alternative method provided a low-error approxima-
tion for all the investigated array sizes. An infinite-length
baffled cylindrical microphone array was used to derive the
beam pattern for the CH beamforming simulation, and an un-
baffled cylindrical microphone array was used for delay-and-
sum beamforming.

4.2. Results and evaluation
The reproduced sound field was evaluated using methods and
procedures intended to quantify the performance of the pro-
posed method. The results were compared with the original
sound field and the sound field reproduced without beam-
forming using a linear microphone array. The DRR is cal-
culated as [17]:

DRR = 10 log10

( ∑nd

n=0 h
2(tn, xi, yj)∑∞

n=nd+1 h
2(tn, xi, yj)

)
, (7)

where h(tn, xi, yj) is the reproduced impulse response from
the primary source to the position in the simulated area,
(xi, yj), and samples from t0 to tnd

are assumed to represent
only the direct-path propagation. We set tnd

as 16 ms. The
value of the DRR changes according to the distance between
the measured point and the source; the DRR decreases as the
distance increases. Therefore, the DRR plots are generated
by taking the average of the DRR values for each y in the
simulated area, which is shown in Fig. 5. The plot shows that
the methods using beamforming techniques improved the
perceived distance to the reproduced sound source compared
with the method without beamforming. Additionally, the
proposed method using CH beamforming was much closer
to the original sound field compared to the method by using
delay-and-sum beamforming.

Table 1 lists the average reverberation times, T60 [18],
in the simulated area. Although the reverberation time was
improved for both beamforming techniques, the proposed
method showed better performance. However, the difference
between the original sound field and the sound field repro-
duced using the proposed method is still apparent. This is
because the late reverberations are not sufficiently reduced,
whereas the early reflections are reduced by the CH beam-
forming. Therefore, the spatial impression of the sound field
reproduced using the proposed method may be different from
that of the original one.
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Fig. 5. Comparison of DRR averaged at each y

Table 1. Comparison of averaged reverberation time

Original Proposed
Delay

and Sum
Without

Beamforming

T60 372 ms 473 ms 492 ms 508 ms

5. CONCLUSION
A method for improving the performance of the WFR filter
in a reverberant environment was proposed. We proposed
combining WFR filtering and CH beamforming in order to
match the DRR when direct sound wave is properly repro-
duced. Each circular array in the cylindrical microphone ar-
ray enhances the sound wave from the desired direction as
a preprocess of WFR filtering. The simulation results indi-
cated that the DRR reproduced using the proposed method
was much closer to that of the original sound field compared
to the case with the WFR filter without beamforming.

6. RELATION TO PRIOR WORK
The work presented here focused on the SP-DS conversion
method for reducing the artifacts originating from reverbera-
tion in the recording room. This method is an extension of the
our previously proposed method [1,2]. Several methods have
been proposed in order to improve reproduction accuracy in a
reverberant reproduction room [5–9]. Even when these meth-
ods are applied, however, the artifacts originating from rever-
beration in the recording room are still unavoidable as long
as a linear configuration of omni-directional microphones is
assumed. The proposed method is based on a combination of
WFR filtering [1,2] and CH beamforming [11,12] in order to
match the reproduced DRRs with the original ones.
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