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ABSTRACT
In this paper, we propose a novel sound field reproduction
system using the simultaneous perturbation (SP) method and
its fast convergence version. In the conventional sound re-
production systems, the preprocessing filters are generally
determined and fixed based on transfer functions from loud-
speakers to control points in advance. However, movements
of control points result in severe localization errors. There-
fore, we propose a sound field reproduction system using the
SP method which updates the filter coefficients only using er-
ror signal. The SP method suffers from the disadvantage of
slow convergence, although this method can track the move-
ments of any controlling points. Hence, we also propose an
improving method of the convergence speed, which compen-
sates only the delay by using the delay control filters. Sim-
ulation results demonstrate that the proposed methods can
track the movements of control points and have reasonable
convergence speed.

1. INTRODUCTION

Recently, sound field reproduction systems have been ac-
tively studied. Sound field control techniques with loud-
speakers can be classified into two methods which control
large areas and narrow points, respectively.

The method of controlling large areas uses the sound field
control theory based on “the Kirchhoff-Helmholtz Integral
Equation”. A desired sound field can be reproduced in the
controlled area by matching the sound pressure on the closed
surface which encloses a certain area and the particle velocity
of the normal direction to those of a target sound field by us-
ing “the Kirchhoff-Helmholtz Integral Equation”. However,
a great number of loudspeakers are needed according to the
sampling theorem of the space if the sound field is controlled
over the audio bandwidth of 20kHz[1]. Such an approach is
impractical.

On the other hand, the latter method reproduces any de-
sired sound at any desired point (e.g. listener’s ears). To do
this, the method of controlling points needs to remove the in-
fluence of transfer functions between loudspeakers and con-
trol points and crosstalk paths, i.e. the so-called crosstalk
canceller. The crosstalk canceller can be realized using
MINT( Multiple input-output INverse Theorem [2]), LNS(
Least Norm Solution [3]), and so on. In this method, the
number of loudspeakers can be generally reduced compared
with the method of controlling areas. Hence, we focus on
the method of controlling points because of the simple im-
plementation.

In this method, the preprocessing filters are generally de-
termined and fixed from transfer functions from loudspeak-

ers to control points, which are measured in advance. Hence,
the movements of control points and the changes of environ-
ments (e.g. temperature) result in severe localization errors,
especially over higher frequency band.

To solve this problem, the preprocessing filters have to
track the variation of transfer functions and consequently use
an adaptive algorithm. The conventional adaptive algorithms
must know the information of transfer functions from loud-
speakers to control points. However, it would be difficult to
obtain the information of transfer functions in the sound field
reproduction systems because the huge computational com-
plexity is required. Therefore, we propose a sound field re-
production system using the simultaneous perturbation (SP)
method which has been applied to active noise control sys-
tems [4]. The SP method is an adaptive algorithm which
updates the filter coefficients using only error signal. Hence,
even if the information of transfer functions from loudspeak-
ers to control points is unknown, the preprocessing filters can
be updated to track the movements of control points. How-
ever, the conventional SP method suffers from the disadvan-
tage of slow convergence. Therefore, we also propose a fast
convergence technique which compensates only the delay us-
ing the delay control filters.

2. SOUND REPRODUCTION SYSTEM WITH
PERTURBATION METHOD AND THE IMPROVING

METHOD OF CONVERGENCE SPEED

2.1 Sound Reproduction System with Simultaneous Per-
turbation Method

Figure 1 shows a conceptual diagram of the sound field re-
production system with the SP method. Even if a listener
moves, a desired sound field can be always reproduced by up-
dating the preprocessing filters with the SP method as shown
in Fig. 1.

Figure 2 shows a transoral system which consists 4 sec-
ondary sound sources and 2 control points. Least Norm So-
lution (LNS [3]) is used as initial values of the preprocessing
filters and their filter coefficients are updated by using the
SP method during system operation. The variable perturba-
tion frequency domain time difference simultaneous pertur-
bation(VPFDTDSP) method [4] whose convergence speed is
the fastest in the SP methods is used as an updating algo-
rithm. The updating algorithm of VPFDTDSP method is de-
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fined as follows:

hi j,n+1 = hi j,n − µ∆hi j,n (1)
∆hi j,n = first N elements of IFFT [Ui j,n] (2)

Ui j,n = diag[Si j,n]
2

∑
j=1

{diag[E∗
j,n]E j,n

−diag[E∗
j,n−1]E j,n−1}/cn (3)

E j,n = FFT[0 · · ·0 e j,nN+1 · · ·e j,(n+1)N ]T (4)

Si j,n = [Si j,n(1) · · ·Si j,n(2N)]T (5)

where hi j,n is the coefficient vector of the preprocessing filter,
n the block time, µ the step-size parameter, Si j,n a complex
vector whose elements are −1 or 1 in both real and imaginary
parts, cn the magnitude of the perturbation, i the secondary
sound source number, and j the control point number. Si j,n
is generated so that it has the conjugate symmetry and has
following characteristics:

E[Re{Si j,n(k)}2] = 0,E[Im{Si j,n(k)}2] = 0

Re{Si j,n(k)}2 = 1, Im{Si j,n(k)}2 = 1
E[Re{Si j,n(k)}Re{Si j,m(k)}] = 0,(n �= m)
E[Im{Si j,n(k)}Im{Si j,m(k)}] = 0,(n �= m)
E[Re{Si j,n(k)}Re{Si j,n(l)}] = 0,(k �= l)
E[Im{Si j,n(k)}Im{Si j,n(l)}] = 0,(k �= l)
E[Re{Si j,n(k)}Im{Si j,n(l)}] = 0 (6)

where E[·] is expectation operation. Moreover, the pertur-
bation added to the preprocessing filter is cnsi j,n, and cn and
si j,n are respectively defined as follows:

cn =

√√√√√√√√

α
2
∑
j=1

nN
∑

k=(n−1)N+1
e2

j,k

G2
2
∑
j=1

nN
∑

k=(n−1)N+1
x2

j,k

(7)

si j,n = first N elements of IFFT[Si j,n] (8)

where G is the mean gain of all transfer functions and α a
coefficient that defines a power ratio of the perturbation to
the error signal.

2.2 Improving Convergence Speed
In the multi-channel sound reproduction system as shown in
Fig. 2, it turns out that the filter coefficients converge to LNS,
that is, the filter coefficients after a movement of the listener
converge to LNS for the transfer functions after the move-
ment. Figure 3 shows frequency spectra of hi j before and
after the movement that the listener moves 10 cm back. It
can be seen from Fig. 3 that the frequency spectrum after the
movement is similar to that before the movement, except for
the delay. Hence, if the difference of the delay can be esti-
mated and applied to the adaptive algorithm, the preprocess-
ing filters could converge faster. Therefore, we also propose
an improving method using the delay control filters which
compensate only the delay. The procedure of the improving
method is as follows:

G2

H2

X

Update Algorithm E

G1H1

Figure 1: Proposed transoral system.
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Figure 2: Transoral system using the simultaneous perturba-
tion method.
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Figure 3: Frequency spectra of hi j before and after variation.

1. Calculate LNS from transfer functions before the system
operation.

2. Arrange the delay control filter dc in front of the prepro-
cessing filter, as shown in Figure 4(A). At this time, the
delay control filter coefficients are set to 1.0 at the tap of
k = w1 and 0.0 at the other taps.

3. Update the preprocessing filter coefficients until the lis-
tener moves.

4. If the movement of the listener is detected (Reproduction
Accuracy RA≤0), the delay control filter coefficients are
updated for several seconds, as shown in Figure 4(B).

5. After updating, calculate w2 which is the delay after the
movement from the peak position of the delay control
filter coefficients, except for k = w1.
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6. The delay control filter coefficients are set to 1.0 at the
tap of k = w2 and 0.0 at the other taps, as shown in Fig.
4(C).

7. Return to Procedure 3.
As mentioned above, the convergence speed is improved by
compensating only the delay after the movement.

Moreover, RA in Procedure 4 is defined as follows:

RA [dB] = 10log10(
2

∑
j=1

d2
j,n/

2

∑
j=1

(d j,n − y j,n)2). (9)

where d j,n is the desired signal and y j,n the reproduced signal.
Figure 5 shows a transoral system using the delay control

filters.

3. COMPUTER SIMULATION

In this section, the validity of the proposed method is ver-
ified through computer simulations. The simulation condi-
tions are shown in Table 1. The transfer functions measured
in loudspeaker arrangement as shown in Figure 6 are used
for the computer simulations. In this figure, the position (b)
is 30 cm backward from the position (a), and the position (c)
is rotated rightward 90 degrees at the position (a). Figure 7
shows the impulse responses and frequency spectra at each
position. In the simulations, Case1 is the case where the lis-
tener moves from (a) to (b), and Case2 is the case where the
listener’s head rotates from (a) to (c). White noise and music
which are limited within 400 - 10000 Hz are used for input
signals, and the listener moves in 10 seconds.

Moreover, the detection time Dt of Procedure 4 of 2.2 is
set to 2 seconds in the case of white noise, and 5 seconds in
the case of music. Figure 8 shows the convergence proper-
ties with and without the delay control filters. In this figure,
Ideal RA means the average RA attained by LNS after the
movement. Table 2 shows ideal delay values and the corre-
sponding estimated values by the delay control filters.

It can be seen from Case1 of Fig. 8 that the convergence
speed can be improved by using the delay control filters.
Moreover, the proposed system with the delay control filters
is over Ideal RA greatly. It is also found from Fig. 7(A) that
the proposed system without the delay control filters loses
the information in the first half of LNS. However, the pro-
posed system with the delay control filters does not change
the delay of the preprocessing filters. Therefore, the pro-
posed system with the delay control filters can have higher
RA than the proposed system without that.

On the other hand, it can be seen from Case2 of Fig. 8
that the convergence speed cannot be improved by using the
delay control filters. Moreover, it can be seen from Case2 of
Table 2 that the proposed system with the delay control filters
cannot detect the delay appropriately. It is also found from
Fig. 7(B) that the frequency spectrum of the position (a) is
similar to that of the position (b), but is not similar to that of
the position (c). Therefore, the proposed system with the de-
lay control filters cannot compensate the delay appropriately.
However, the proposed sound field reproduction system us-
ing the SP method has the great advantage that it can track
the movements of target points.

4. CONCLUSIONS

In this paper, we have proposed a novel sound field reproduc-
tion system using the SP method. The proposed system can

Table 1: Simulation conditions in sound reproduction system.

Sampling frequency 44100 Hz
Frequency Range 400-10000 Hz
Tap length of dci j, hi j, g ji 256

(i=1,2,3,4, j=1,2)
Stepsize Parameter µ (White noise) 0.0001
Stepsize Parameter µ (Music) 0.00005
Perturbation Magnitude α 0.01
Delay u,w1 128
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Figure 4: Block diagrams of the proposed method using the
delay control filter.
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Figure 5: Transoral system using the delay control filters.

track any movements of controlling points and consequently
has wide controlled areas compared with the conventional
one. We also have proposed an improving method of the con-
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Table 2: Ditection result of delay.

Preprocess- Case1 Case2
ing filter Ideal White Music Ideal White Music

h11 95 120 95 129 126 82
h12 97 97 97 133 130 201
h21 89 88 253 116 241 221
h22 90 90 90 140 136 110
h31 91 91 91 115 127 15
h32 89 89 253 147 231 0
h41 97 97 98 115 150 129
h42 95 98 157 140 246 189
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Figure 6: Loudspeaker arrangement.

vergence speed using the delay control filters. The proposed
system with the delay control filters can converge faster than
that without the delay detection. However, when the fre-
quency spectrum of LNS before the movement is not similar
to that after the movement, the proposed system cannot com-
pensate the delay appropriately. We will explore loudspeaker
arrangements where the proposed system can operate effec-
tively in the future.
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