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ABSTRACT
This paper describes a new sound field reproduction strategy,
where the system can give accurate sound images if a user is
at a specific position, and still provides the direction of the pri-
mary source if the user moves. The existing methods do not
take into account the accurate reproduction outside the specific
control points, and if the user moves from the control points,
he cannot feel the accurate sound image. To solve this prob-
lem, we propose a novel design algorithm of inverse filters that
make a secondary source in the direction of the primary sound
source have the largest power. In the proposed method, the user
can feel the sound image toward the enhanced secondary source
even around the control points. Simultaneously the accurate re-
production at the control points can be achieved as well as the
conventional method. The subjective evaluation shows that the
proposed method is more robust against the user’s move com-
pared with the conventional method.

1. INTRODUCTION

Sound field control/reproductionis an requisite technology for
constructing a basis of audio virtual reality system, which re-
quires prompt attention. To realize three dimensional auditory
display, a lot of approaches have been attempted in many fields,
i.e., perception, reproduction, architecture and so on, for many
years, even from earlier than the 20th century [1].
From the viewpoint of transducer devices, sound field reproduc-
tion can be classified into two groups, namely, using headphones
and loudspeakers. By reproducing the signals observed at micro-
phones set on human’s (or a dummy head’s) ears, called binaural
signals, a user can listen to almost the same sound as that the
user listened to when he/she was in the recorded environment
[1]. However, the above-mentioned method has a fatal draw-
back that the headphone wearing compels listener into bodily
constraint. Therefore in this paper, we will mainly deal with
only loudspeaker reproductions.
Loudspeaker reproduction can be classified into two groups again;
whether to compensate impulse responses from the loudspeak-
ers to the listener’s ears or not. The systems without the com-
pensation are called discrete surround system including the most
popular stereophonic reproduction and 3/2 format used in Dolby
Digital system. The idea is so simple that the sound intensities
and phases are just panned to multiple loudspeakers surrounding
the listener. In particular, the intensity panning has an advantage
that it is robust against the shift of the listener’s position even
though its precision of reproduction is limited.
By fixing the listener’s position and compensating the impulse
responses around the listener’s ears, binaural signals can be re-
produced with loudspeakers. Such systems are calledtransaural

systems[2, 3, 4]. Since the loudspeaker reproduction has crosstalk
components, they have to be removed for the reproduction of
binaural signals. Crosstalk canceller realizes this by using in-
verse filter of transfer functions between the loudspeakers and
the listener’s ears in an anechoic environment, called head re-
lated transfer functions (HRTFs). However, they can not pro-
vide strict reproductions of the original binaural signals because
the reproduced signals are distorted by the reverberation of the
listening environment. Therefore, we must compensate the im-
pulse responses of the user’s ears including the reverberation,
called binaural room impulse responses (BRIRs). In order to
obtain the accurate inverse filter of BRIRs which are in general
non-minimum phase systems, Miyoshiet al. have proposed mul-
tiple input/output inverse theorem (MINT) utilizing more loud-
speakers than control points (the listener’s ears) [5].
There is a problem in the conventional transaural systems using
inverse filter of BRIRs. Since these methods considers only the
accuracy of reproduction at the control points (sweet spot), the
directional cues are not held on the other outer areas. As for the
crosstalk canceller, a method to expand the sweet spot towards
the front and the back of the listener, called stereo-dipole sys-
tem, has been proposed [6]. However, for the strict reproduction
at the control points using inverse filters of BRIRs without mi-
crophones at the user’s ears just used in [3], no method has been
proposed for mitigating the effect of the listener’s movement.
In this paper, we propose an algorithm to design an inverse fil-
ter to alleviate the sweet spot problem. We design an inverse
filter whose intensity is weighted to the loudspeaker in the di-
rection closest to the source’s DOA, by finding the closest fil-
ter matrix to the one which only uses single loudspeaker. With
this method, we can reproduce the binaural signals at the control
points with almost the same accuracy as that of the conventional
MINT, while the directional cues are held even outside the sweet
spot. The efficiency of the proposed method is ascertained in a
subjective evaluation experiment where the subjects move their
heads.

2. CONVENTIONAL SOUND FILED REPRODUCTION
USING INVERSE FILTER

2.1. Principle

In the transaural system, we must reproduce binaural signals at
the fixed control points which are arranged at the listener’s ears.
This can be realized with an inverse filter of BRIRs. Although
BRIRs are non-minimum phase systems, it is proved in [5] that
there exists an inverse filter of BRIRs by using more loudspeak-
ers than control points. Hereafter we address the problem to re-
produceN input signals atN control points Cn (n = 1, . . . , N )
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Figure 1:Configuration of a transaural system with two control
points andM loudspeakers.

(commonly single listener is assumed andN = 2 to control the
sound pressures at both of the ears) withM loudspeakers Lm
(m = 1, . . . , M ). We show the configuration of the transaural
system with 2 control points andM loudspeakers in Fig. 1.
We designate the signals to be reproduced at control points Cn

asx(ω) = [x1(ω), . . . , xN (ω)]T, whereω denotes an angular
frequency and{·}T denotes transposition. We measure allN ×
M impulse responses between Lm and Cn, denoting them as
gnm(ω). We define anN × M matrix G(ω) = [gnm(ω)]nm,
where[a]ij represents a matrix which includes the entrya in the
i-th row and thej-th column. We design anM×N inverse filter
matrix defined asH(ω) = [hmn(ω)]mn to satisfy the following
condition

G(ω)H(ω) = I, (1)

whereI denotes an identity matrix. When we outputH(ω)x(ω)
from Lm, i.e., input signalsx(ω) filtered by the inverse filter
H(ω), signals at control pointsy(ω) = [y1(ω), . . . , yN (ω)]
satisfy the conditiony(ω) = G(ω)H(ω)x(ω) = x(ω). There-
fore, input signalsxn(ω) are reproduced at the control points.

2.2. Inverse Filter Design Based on Least Norm Solution
As shown in Eq. (1),H(ω) is a generalized inverse filter of the
matrix G(ω). SinceM > N , the solution is indefinite. To
decideH(ω), adoption of Moore-Penrose generalized inverse
matrix which gives least norm solution (LNS) is proposed. Us-
ing the LNS, a total gain of the inverse filter is minimized and its
control becomes robust against the error.
At first, to obtain Moore-Penrose generalized inverse matrix, the
singular value decomposition (SVD) is applied toG(ω). In the
case thatG(ω) is N -full-rank, SVD can be written as

G(ω) = U(ω) [Γ(ω), ON,M−N ]
| {z }

N×M

V H(ω), (2)

where{·}H denotes conjugate transposition,U(ω) = [u1(ω),
. . . , uN (ω)], V (ω) = [v1(ω), . . . , vM (ω)], Γ(ω) = diag[γ1(ω),
. . . , γN (ω)], diag[x1, . . . , xN ] denotesN ×N diagonal matrix
whosen-th diagonal element isxn, γn(ω) is the n-th largest
singular value ofG(ω), N -dimensional vectorsun(ω) andM -
dimensional vectorsvn(ω) for n = 1, . . . , N are eigenvectors
corresponding to singular valuesγn(ω), M -dimensional vectors
vm(ω) for m = N + 1, . . . , M are unit vectors which span
the nullspace ofG(ω), andOi,j denotes ani × j zero matrix.
Note thatU(ω) andV (ω) are unitary matrices. Then general-
ized inverse matrix ofG(ω), denoted byG−(ω), can be written
as

G− (ω) = V (ω)

»

Λ (ω)
Π (ω)

–

| {z }

M×N

U H (ω) , (3)

x(ω)=G(ω)H(ω)x(ω)
H(ω) = argmin  G  (ω) - L(ω)|| ||
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Figure 2:Strategy of the proposed approach.

Λ(ω) = diag

»

1

γ1(ω)
, . . . ,

1

γN (ω)

–

, (4)

whereΠ(ω) is an arbitrary(M −N)×N matrix. Here Moore-
Penrose generalized inverse matrixG+(ω) can be obtained by
the substitutionΠ(ω) = OM−N,N as

G+ (ω) = V (ω)

»

Λ (ω)
OM−N,N

–

U H (ω) . (5)

Then we useG+(ω) as an inverse filter;H(ω) = G+(ω).

3. PROPOSED METHOD: INVERSE FILTER WITH
SECONDARY SOURCE SELECTION AND

ENHANCEMENT

3.1. Approach

We depict the basic strategy of our approach in Fig. 2. Since
the conventional LNS-based inverse filter designing considers
only the reproduction at the specific control points, the direc-
tional cues cannot be presented outside the sweet spot. Though
strict reproduction of primary sound field in a large area is diffi-
cult, it should be worthwhile that the listener perceives the cor-
rect DOAs outside the sweet spot. Therefore, in this section we
propose an inverse filter design method to satisfy both of the fol-
lowing requirements as;

(R1) the strict reproduction is guaranteed at the control points,

(R2) robustness of the DOAs perceived outside the sweet spot.

One of the way to satisfy the condition (R2) is to output the
signals only from a loudspeaker in the direction of the source.
When sound is outputted from a specific loudspeaker, the lis-
tener perceives the source along the direction of this loudspeaker.
This configuration is robust against movement of the listener but
cannot reproduce the sources precisely. To satisfy both (R1) and
(R2), we design an inverse filter whose output gain of the loud-
speaker at the target direction is enhanced. Firstly, we design
a multi-channel filterT (ω) which has full bandpass and linear
phase property for the loudspeaker in the source direction, and
has zero gain for the other loudspeakers.
Secondly, we compute the closest inverse filterH(ω) to T (ω)
according to a given norm. In the following discussion, we will
call T (ω) a target filter. Though single source is assumed in
this paper due to the limited space, we can also deal with multi-
ple sources. At first, we separate the binaural signals into each
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of the sources by using blind source separation, and estimate
their DOAs. Then, we design the proposed filters for each of the
sources, and impose outputs of them.

3.2. Design of Target Filter

In the next section, we minimize the distance between the inverse
filter and the target filter which is described in this section. To
make the output of the resultant inverse filter natural, we must
compensate the difference of the gains and delays between the
target filter and the LNS inverse filter.
To make the difference of delay to a minimum, we synchronize
the peak of the target filter and the LNS inverse filterG+(ω). At
first we obtain the time delayτ when the impulse response of the
inverse filter has the largest amplitude in time domain. Then we
give the target filter linear phases with the delay ofτ . If the k-th
loudspeaker is to be emphasized, theM ×N target filter matrix
T (ω) = [Tmn(ω)]mn has nonzero gains and delay ofτ in the
components corresponding to thek-th loudspeaker, and has zero
gains in the other components, as;

Tmn(ω) =



s(ω) · e−jωτ (if m = k)
0 (otherwise) ,

(6)

for n = 1, . . . , N , wheres(ω) is a constant to decide the gain
of T (ω). Then we decides(ω) to compensate the difference of
gain. For this compensation, we giveT (ω) the equal total gain
to the LNS inverse filterG+(ω) as

‖T (ω)‖Fr = ‖G+(ω)‖Fr, (7)

where‖·‖Fr denotes Frobenius norm; a Frobenius norm of anI×
J matrixX = [xij ]ij is defined as‖X‖Fr =

q

PI
i=1

PJ
j=1 |xij |2.

From Eq. (7),s(ω) can be obtained ass(ω) = ‖G+(ω)‖Fr/
√

N.
Therefore, forn = 1, . . . , N , T (ω) can be given by

Tmn(ω) =

(

‚

‚

‚

G+
(ω)

‚

‚

‚

Fr
·e−jωτ

√
N

(if m = k)

0 (otherwise) .
(8)

3.3. Minimization of Distance from Target Filter

Here we discuss the minimization problem of a distance between
the generalized inverse matrixG−(ω) shown in Eq. (3) and the
target filterT (ω) in Eq. (8). In this problem we apply Frobenius
norm as a distance measure of matrices. Therefore, our objective
is to obtain an inverse filterH(ω) which has minimum Frobe-
nius norm toT (ω) as

H(ω) = argmin
G−

(ω)

‚

‚G−(ω)− T (ω)
‚

‚

Fr
(9)

From Eq. (3), the square of Frobenius norm forG−(ω)−T (ω),
denoted byF (ω), can be written as

F (ω) =
‚

‚G−(ω)− T (ω)
‚

‚

2

Fr

=

‚

‚

‚

‚

V (ω)

»

Λ (ω)
Π (ω)

–

U H (ω)− T (ω)

‚

‚

‚

‚

2

Fr

. (10)

Here it is notable thatU(ω) andV (ω) are unitary matrices as
described in Eq. (2). Since multiplication of a unitary matrix

Loudspeakers
for transaural

system

3.9 m

3.9 m

30o

1.5 mLoudspeakers
as sources

Figure 3:Experimental conditions.

does not change the Frobenius norm, Eq. (10) can be rewritten
as

F (ω) =
‚

‚

‚

V H(ω)
`

G−(ω)− T (ω)
´

U(ω)
‚

‚

‚

2

Fr

=

‚

‚

‚

‚

»

Λ (ω)
Π (ω)

–

− V H(ω)T (ω)U(ω)

‚

‚

‚

‚

2

Fr

=

‚

‚

‚

‚

»

Λ (ω)− V H
span(ω)T (ω)U(ω)

Π (ω)− V H
null(ω)T (ω)U(ω)

–

‚

‚

‚

‚

2

Fr

=
‚

‚

‚

Λ(ω)− V H
span(ω)T (ω)U(ω)

‚

‚

‚

2

Fr

+
‚

‚

‚

Π(ω)− V H
null(ω)T (ω)U(ω)

‚

‚

‚

2

Fr
, (11)

whereV span(ω) is a truncated matrix ofV (ω) and is composed
of eigenvectors which span row space ofG(ω) asV span(ω) =
[v1(ω), . . . , vN (ω)] . Similarly, V null(ω) is a truncated matrix
of V (ω) and is composed of unit vectors which span null space
of G(ω) asV null(ω) = [vN+1(ω), . . . , vM (ω)] . In Eq. (11),
the term

‚

‚Λ(ω)− V H
span(ω)T (ω)U(ω)

‚

‚

2

Fr
cannot be changed

becauseΛ(ω) is fixed to satisfy the generalized inverse matrix
of G(ω). On the other hand,Π(ω) is arbitrary and the term
‚

‚Π(ω)− V H
null(ω)T (ω)U(ω)

‚

‚

2

Fr
can be minimized to zero by

a substitution

Π(ω) = V H
null(ω)T (ω)U(ω), (12)

then F (ω) is minimized. Therefore, substituting Eq. (12) in
Eq. (3), the optimal inverse filter can be obtained as

H(ω) = V (ω)

»

Λ (ω)
V H

null(ω)T (ω)U(ω)

–

U H (ω) . (13)

4. EXPERIMENTS AND DISCUSSIONS

4.1. Comparison of Reproduction Performance at Control
Points

To verify the accuracy of the reproduction at the control points,
we have conducted a subjective evaluation experiment compar-
ing the proposed method with the conventional LNS inverse fil-
ter. The experiment was conducted via eight loudspeakers for
reproduction, in a room of 3.9 m×3.9 m with the reverberation
time of 160 ms. We used two music sources which consist of
piano and drums musical performance, respectively, with sam-
pling frequency of 48 kHz. The positions of the sound sources
are set at 1.5 m apart from the user and their directions are±30◦,
±60◦, ±120◦ and±150◦ clockwisely, where the direction in
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front of the user is set to be0◦. The loudspeakers for reproduc-
tion were set on the same directions as the sound sources with
different distance from the user. The passband frequency was
150–4000 Hz.
We made 48 patterns of signals to be reproduced in simulations,
i.e., 16 combinations of the eight positions of the sources and
the two sources for each of three methods; the proposed method,
true sound source and the conventional LNS inverse filter. For
each source, at first we presented the subjects to the sounds using
two inverse filter methods in random order after presenting the
sound from true source. Then we let them answer which of the
latter two is close to the first. The subjects were organized with
nine males and one female in their 20th.
The scores of the conventional method and the proposed method
were 50.6% and 49.4%, respectively. We can say that there is no
significant difference between them. Therefore, it is ascertained
that the proposed method does not degrade the reproduction per-
formance when the listener is at the sweet spot.

4.2. Comparison of the Source Image Apart from the Sweet
Spot

To examine at which directions the listener perceives the source,
we performed a subjective evaluation. The subjective experi-
ment was conducted in the same room described at Sect. 4.1.
The sound was played back in a random order. The duration of
all the signal to be reproduced were 15 seconds. The sweet spot
was set on the ears when the listener sits on a chair stood in the
center of the room and set his/her head on a headrest of the chair.
To prevent the listener from listening to the reproduced sound
on the sweet spot, we let the subjects sit on the chair but detach
their head from the headrest and move their heads freely. We
gave eight candidate directions and they are enforced to choose
one direction from which the sources arrive. The sound and the
subjects are the same as those in Sect. 4.1.
We show the results of the experiment in Fig. 4. In the figure, (a)
and (b) show the results using the true sources, (c) and (d) are
the results for the conventional method, (e) and (f) are the pro-
posed method. The results of piano source are shown in (a), (c)
and (e), and drums source in (b), (d) and (f). In these figures, the
horizontal axes show the true DOAs of the sources in the repro-
duced signals, the vertical axes show the directions answered by
the subjects, and the diameters of the circles show the frequency
of the answer. While the conventional method fails to localize
sources in the back, the true source and the proposed method
could present the source directions to the listeners successfully
for both the piano and drums. Therefore it is proved that the pro-
posed method has a faculty to present the source direction even
out of the sweet spot.

5. CONCLUSIONS

We proposed an inverse filter design method which is robust
against changes of the listening position in the neighborhood
of the sweet spot. The proposed inverse filter has minimum
distance from the filter to use a specific loudspeaker, and has
the largest gain in the channel of the loudspeaker close to the
source’s direction. The results of subjective experiments showed
the efficiency of the proposed method.
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