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Description

BACKGROUND OF THE INVENTION

1. Field of the Invention:

[0001] The present invention relates to a sound
field and sound image control apparatus and a sound
field and sound image control method for performing
audio reproduction with presence in audiovisual equip-
ment. More particularly, the present invention relates to
a filter coefficient calculating apparatus and a filter coef-
ficient calculating method for performing the control
sound field and sound image.

2. Description of the Related Art:

[0002] Recently, movies and the like are more fre-
quently enjoyed at home because the use of video tape
recorders (VTRs) and the like is wide spread, so that
even a small-scale audiovisual (AV) system for home
use is desired to perform audio reproduction with pres-
ence. A private room in the house or the like generally
involves limitations such as room space and equipment.
In many cases, additional loudspeakers for sound con-
trol or surround-sound reproduction cannot be located
in the rear and the side of a viewer. For such cases, a
technique has been developed for performing stereo-
phonic sound image control and sound field reproduc-
tion with presence only by using general 2 channels (2-
ch) loudspeakers, or 2-ch loudspeakers accommodated
in a TV set (for example, see JAS journal, September
1990).
[0003] A conventional sound field and sound image
control apparatus using 2-ch reproducing loudspeakers
will be described below.
[0004] Figure 14 schematically shows a conven-
tional sound field and sound image control apparatus
800 and a method for localizing the sound image in the
left rear of a listener 86 by the conventional apparatus
800.
[0005] In the apparatus 800, sound source signals
S(n) generated by a sound source 81 are processed by
finite impulse response (FIR) filters 82-1 and 82-2, and
then the processed signals are reproduced from a left-
channel (L-ch) reproducing loudspeaker 83 and a right-
channel (R-ch) reproducing loudspeaker 84, respec-
tively. For the FIR filter 82-1, filter coefficients (impulse
responses) H1(n) are set. For the FIR filter 82-2, filter
coefficients H2(n) are set. In cases where the apparatus
800 is used for digital processing, an A/D (analog-to-
digital) converter and a D/A (digital-to-analog) converter
are required. For simplicity, such converters are omitted
in the figure. The listener 86 stays at a position distant
from the two loudspeakers 83 and 84 by equal dis-
tances (i.e., on the center line), and faces the front (i.e.,
faces toward the middle point between two loudspeak-
ers).

[0006] In Figure 14, C1(n) indicates an impulse
response from the L-ch loudspeaker 83 at the position
of the left ear of the listener 86 (to be more accurate, the
position of the eardrum; and in the actual measurement,
it is measured at the entrance of the auditory canal
when an impulse is input to the loudspeaker 83). Simi-
larly, C2(n) indicates an impulse response from the L-ch
loudspeaker 83 at the position of the right ear of the lis-
tener 86, C3(n) indicates an impulse response from the
R-ch loudspeaker 84 at the position of the left ear of the
listener 86, and C4(n) indicates an impulse response
from the R-ch loudspeaker 84 at the position of the right
ear of the listener 86. In addition, T1(n) and T2(n) indi-
cate impulse responses from a reference loudspeaker
85 to the left and right ears of the listener 86, respec-
tively. The respective values of C1(n) - C4(n), T1(n) and
T2(n) can be obtained by actual measurements or sim-
ulation.

[0007] These S(n), Ci(n) (i = 1 to 4), T1(n), and
T2(n) are represented as discrete-time signals with a
finite length. That is, n actually means nT in which a cer-
tain short time (sampling time) T is used as a unit.
Herein, in order to provide the description in time
domain, the impulse responses are used. For frequency
domain, the same description as in the case of time
domain can be expressed by using transfer functions
obtained by Fourier-transforming the impulse
responses.
[0008] With the above construction, if the sound
source signals S(n) which are impulse signals are input,
and they are reproduced from the L-ch reproducing
loudspeaker 83 and the R-ch reproducing loudspeaker
84, the impulse response characteristic L(n) at the left-
ear position of the listener 86 and the impulse response
characteristic R(n) at the right-ear position (i.e., the
head-related transfer functions in time domain) are
expressed as follows:

(1)

(2)

where the symbol * indicates a convolution.
[0009] In general, if two pairs of the head-related
transfer functions are equal to each other, it may be
assumed that each sound represented by the respec-
tive pair of transfer functions is perceived by the listener
as coming from the same direction. Accordingly, if the
filter coefficients H1(n) and H2(n) are set so that L(n)
and R(n) become equal to T1(n) and T2(n), respectively,
the listener 86 can feel (perceive) that the sound image
is localized at the position of the reference loudspeaker
85, by reproducing the sound source signals S(n) with
2-ch loudspeakers located in front of the listener 86.
[0010] The above-mentioned convolution operation
is performed by the FIR filters 82-1 and 82-2. Figure 15
shows the basic construction of each of the FIR filters
82-1 and 82-2. As is shown in Figure 15, the FIR filter

L(n) = H1(n)*C1(n) + H2(n)*C3(n)

R(n) = H1(n)*C2(n) + H2(n)*C4(n)
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has an input terminal 91 for inputting a signal, and N
delay elements 92 each for delaying a signal by a time τ
which are connected in series. On both ends of the
series of delay elements 92, and between respective
two delay elements 92, multipliers 93 are connected,
respectively. Each multiplier 93 multiplies an input sig-
nal by a filter coefficient, which is referred to as a tap
coefficient, and outputs the resultant signal to an adder
94. The signal obtained by the addition in the adder 94
is output from an output terminal 95.

[0011] In general, for such an FIR filter, a dedicated
LSI such as a digital signal processor (DSP), which per-
forms multiplication and addition at a high speed, is
used. In the multipliers 93, the impulse responses h(i) (i
= 0, ..., N) are set as the tap coefficients. A delay time τ
corresponding to a sampling frequency at the conver-
sion of an analog signal into a digital signal is set in the
delay element 92. The multiplication and delay are
repeatedly performed to input signals, and they are
added to each other and then output. Thus the convolu-
tion operation is performed.
[0012] The above description is made for digital sig-
nals, so that, in the actual implementation, an A/D con-
verter is required to convert an analog signal into a
digital signal before inputting the signal to the FIR filter,
and a D/A converter is required to convert the output
digital signal into an analog signal. However, the con-
verters are not shown in Figure 15.
[0013] Figure 16 shows a conventional exemplary
device for calculating filter coefficients to localize a
sound image. From the reproduction-system character-
istics input terminals 901 - 904, signals corresponding
to the reproduction-system impulse responses C1(n)-
C4(n), which represent the characteristics of the repro-
duction system, are input, respectively. From the refer-
ence characteristics input terminals 905 and 906,
signals corresponding to the impulse responses T1(n)
and T2(n), which represent the reference characteris-
tics, are input, respectively. These input impulse
response signals are all input into a filter coefficient cal-
culator 910.
[0014] When the impulse response signals of the
reproduction-system (C1(n) - C4(n)) are applied, the fil-
ter coefficient calculator 910 calculates filter coefficients
H1(n) and H2(n) for localizing a sound image (hereinaf-
ter referred to as sound image localization coefficients)
so that the reference characteristics become the
impulse responses T1(n) and T2(n) (specifically, a
matrix operation is performed in the filter coefficient cal-
culator 910). The filter coefficient calculator 910 calcu-
lates candidates H'1(n) and H'2(n) for H1(n) and H2(n)
which satisfy the right sides of Equations (1) and (2)
above. The calculated candidates H'1(n) and H'2(n) are
output to a filter coefficient setting device 920 together
with the reproduction-system impulse response signals
C1(n) - C4(n).
[0015] The filter coefficient setting device 920 sets
the impulse responses H'1(n) and H'2(n) for FIR filters

941 and 942, respectively, and sets the impulse
responses C1(n) - C4(n) for FIR filters 931 - 934,
respectively, as tap coefficients.

[0016] When the setting of tap coefficients is com-
pleted, the impulse generator 950 generates an impulse
signal. The impulse signal is processed by convolution
in the FIR filters 941 and 942, and the FIR filters 931 -
934, added by adders 961 and 962, and then output, as
is shown in Figure 16. These operations are equivalent
to the operations indicated by the right sides of Equa-
tions (1) and (2) which are performed by using H'1(n)
and H'2(n) instead of H1(n) and H2(n).
[0017] The output of the adder 961 is compared
with the impulse response T1(n) of the reference char-
acteristic by a subtracter 971. The output of the adder
962 is compared with the impulse response T2(n) of the
reference characteristic by a subtracter 972.
[0018] The outputs of the subtracters 971 and 972
(indicative of differences between the reproduction
characteristics and the reference characteristics) are
input into a feedback controller 980. The feedback con-
troller 980 instructs the filter coefficient calculator 910 to
repeatedly perform the operation until the absolute val-
ues of the signals from the subtracters 971 and 972
become smaller than a predetermined positive value.
The filter coefficient calculator 910 repeats the opera-
tion using T1(n) and T2(n) which are delayed by a pre-
determined time.
[0019] When the absolute values of the output sig-
nals of the subtracters 971 and 972 become smaller
than the predetermined positive value, the operation of
the filter coefficient calculator 910 is stopped. Then,
H'1(n) and H'2(n), which are obtained at that time, are
output from output terminals 907 and 908, as the valid
H1(n) and H2(n).
[0020] When the sound image localization coeffi-
cients H1(n) and H2(n) which are thus obtained are set
in the sound image localization device and the repro-
duction is performed, a sound image can be localized at
a position where a loudspeaker does not actually exist.
In addition, if a sound image is localized in an expanded
region, as compared with the actual loudspeaker posi-
tions with respect to the listener, it is possible to perform
audio reproduction with expansion and presence.
[0021] However, in the prior art described above,
the filter coefficients H1(n) and H2(n) are set for the lis-
tener 86 who stays on the center line. Accordingly, when
the listener 86 moves away from the center line during
the reproduction of the sound source signals S(n), and
when a plurality of listeners exist, the advantages of the
sound image control are drastically deteriorated for the
listeners who are located at positions away from the
center line, for the following reasons.
[0022] The impulse responses from the loud-
speaker positioned in front of the listener 86 are usually
largely different from the impulse responses from the
loudspeaker positioned at the rear of the listener 86, so
that the filter coefficients H1(n) and H2(n) have fre-
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quency characteristics with large peaks and dips, in
order to realize T1(n) and T2(n) by using C1(n) - C4(n).
Therefore, when the position of the listener 86 is
changed slightly, the impulse responses from the repro-
ducing loudspeakers 83 and 84 to the listener are signif-
icantly varied. Accordingly, a problem associated with
such a conventional technique is that the service area
(an area to which good sound image control can be per-
formed) is limited and small.

[0023] The method for calculating the filter coeffi-
cients in the above conventional technique has no prob-
lem in theory. However, in practice, if the position of the
listener 86 is slightly changed, the impulse responses
are significantly varied and it is difficult to correct the
deviations in higher frequency ranges in particular.
Therefore, a problem exists in that the quality of the
sound reproduced from loudspeakers 83 and 84 is dif-
ferent from that of the sound actually reproduced by the
reference speaker 85. This causes the deterioration of
the sound quality of the sound image localized by the
conventional device 800.
[0024] EP-A-0 553 832 discloses a sound field con-
troller for generating apparent sound sources by adjust-
ing the amplitude and delay time of a sound signal so
that the sound will be perceived by plural listeners as
sound coming from a location separated from the spe-
cific location of the front speakes, and for additionally
controlling the effect of the apparent sound sources by
evaluating the attributes of the source sound signal. The
controller includes FIR filters for generating a left sound
pattern signal, FIR filters for generating a right sound
pattern signal, a first delay circuit for delaying the left
and right sound pattern signals by a first predetermined
time and applying the delayed left and right sound pat-
tern signals to the left and right speakers, respectively,
to introduce an apparent sound source located left rear
of a center listener; and a second delay circuit for delay-
ing the left and right sound pattern signals by a second
predetermined time and applying the delayed left and
right sound pattern signals to the right and left speak-
ers, respectively, to introduce an apparent sound source
located right rear of a center listener.

SUMMARY OF THE INVENTION

[0025] The apparatus of this invention is defined by
the features of claims 1 and 4, wherein the subclaims
define preferred embodiments.
[0026] The method for calculating filter coefficients
according to the invention is defined by the features of
claim 13, wherein the corresponding subclaims define
preferred embodiments.
[0027] In this invention, impulse responses from a
reference loudspeaker which are obtained by measure-
ments or the like to respective ears of a listener are not
directly used as the reference characteristics for calcu-
lating filter coefficients. Instead, a pair of impulse
responses from reproducing loudspeakers to the

respective ears are used for the calculation. The relative
time difference and the relative level (the level ratio) of
the pair of impulse responses from the reproducing
loudspeakers are controlled so as to be made equal to
the time difference and the level ratio of a pair of
impulse responses from the reference loudspeaker to
the respective ears, thereby obtaining a pair of signals
which are adopted. Accordingly, the difference in ampli-
tude/frequency characteristics between the reference
characteristics and the reproduction-system original
characteristics can be minimized. Also, the relative time
difference and the level difference between impulse
responses at the respective ears of the listener during
the sound image control are maintained in the reproduc-
tion-system original characteristics, so that it is possible
to perform the sound image control with reduced deteri-
oration of sound quality.

[0028] According to the invention, in the case where
there are a plurality of listeners, for listeners on the
center line in the arrangement of the reproducing loud-
speakers, the expansion is realized by localizing the L-
ch and R-ch source signals in a region expanded from
the located positions of the L-ch and R-ch reproducing
loudspeakers. Also, for listeners at positions shifted
from the center line, spatial expansion is realized by
adjusting the delay amounts of the difference signals,
including reverberation components of the source sig-
nals and their anti-phase signals, so that the sounds
from the respective reproducing loudspeakers simulta-
neously reach the listeners. Accordingly, all the listeners
positioned on the center line and at positions shifted
from the center line can feel expansion. Thus, it is pos-
sible to perform a sound field reproduction with pres-
ence in a wide service area.
[0029] Thus, the invention described herein makes
possible the advantage of providing a sound field and
sound image control apparatus and a sound field and
sound image control method with a reduced deteriora-
tion in reproduced sound quality and with a wide service
area.
[0030] This and other advantages of the present
invention will become apparent to those skilled in the art
upon reading and understanding the following detailed
description with reference to the accompanying figures.

BRIEF DESCRIPTION OF THE DRAWINGS

[0031]

Figure 1 schematically shows a method for localiz-
ing a sound image in the left rear of a listener by a
sound field and sound image control apparatus in a
first example according to the invention.

Figure 2 is a block diagram showing a sound image
control coefficient calculating device for the sound
field and sound image control of the first example.
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Figure 3 shows an exemplary level ratio detector.

Figure 4 shows an exemplary time difference detec-
tor.

Figure 5 schematically shows an exemplary time
difference adjuster.

Figure 6 schematically shows an exemplary level
ratio adjuster.

Figure 7 is a block diagram showing a sound image
control coefficient calculating device in a second
example according to the invention.

Figure 8 schematically shows a method for localiz-
ing a sound image in the left rear of a listener by a
sound field and sound image control apparatus in a
third example according to the invention.

Figure 9 is a block diagram showing a sound image
control coefficient calculating device in the third
example.

Figure 10 is a block diagram of an exemplary trans-
fer characteristic difference detector.

Figure 11 is a block diagram of an exemplary trans-
fer characteristic adjuster.

Figure 12 is a block diagram showing a sound field
and sound image control apparatus in a fourth
example according to the invention.

Figure 13 is a block diagram showing a sound field
and sound image control apparatus in a fifth exam-
ple according to the invention.

Figure 14 schematically shows an exemplary con-
struction of a conventional sound field and sound
image control apparatus and a filter coefficient cal-
culating method for localizing the sound image in
the left rear of a listener.

Figure 15 is a block diagram showing a basic con-
struction of an FIR filter.

Figure 16 is a block diagram showing a conven-
tional exemplary filter coefficient calculating device
for sound image localization.

DESCRIPTION OF THE PREFERRED EMBODI-
MENTS

[0032] The present invention will be described by
way of illustrative examples with reference to the
accompanying drawings.

Example 1

[0033] Figure 1 schematically shows a method for
localizing a sound image in the left rear of a listener 6 by
a sound field and sound image control apparatus 100 in
a first example according to the invention.
[0034] In the apparatus 100, sound source signals
S(n) generated by a sound source 1 are processed by
FIR filters 2-1 and 2-2, and then the processed signals
are reproduced from a L-ch reproducing loudspeaker 3
and a R-ch reproducing loudspeaker 4, respectively. For
the FIR filter 2-1, filter coefficients H1(n) are set. For the
FIR filter 2-2, filter coefficients H2(n) are set. In cases
where the apparatus 100 is used for digital processing,
an A/D converter and a D/A converter are required. For
simplicity, such converters are omitted in the figure. The
listener 6 stays at a position distant from the two loud-
speakers 3 and 4 by equal distances (i.e., on the center
line), and faces the front (i.e., faces toward the middle
point between two loudspeakers).
[0035] In Figure 1, C1(n) indicates an impulse
response from the loudspeaker 3 at the position of the
left ear of the listener 6 (to be more accurate, the posi-
tion of the eardrum; and in the actual measurement, it is
measured at the entrance of the auditory canal when an
impulse is input to the L-ch loudspeaker 3). Similarly,
C2(n) indicates an impulse response from the L-ch
loudspeaker 3 at the position of the right ear of the lis-
tener 6, C3(n) indicates an impulse response from the
R-ch loudspeaker 4 at the position of the left ear of the
listener 6, and C4(n) indicates an impulse response
from the R-ch loudspeaker 4 at the position of the right
ear of the listener 6. In addition, T1(n) and T2(n) indi-
cate impulse responses from a reference loudspeaker 5
to the left and right ears of the listener 6, respectively.
The respective values of C1(n) - C4(n), T1(n) and T2(n)
can be obtained by actual measurements or simulation.
[0036] In this example, the sound source signals
S(n) are processed by the FIR filters 2-1 and 2-2 in the
following manner. First, a reach time difference dt and a
level ratio α of a pair of signals respectively reaching the
left and right ears of the listener 6 are obtained when
the sound source signals S(n) are output from the refer-
ence loudspeaker 5 (the reach time difference dt and
the level ratio α are parameters indicative of the charac-
teristics of reference impulse responses). Then, the
convolution process is performed in such a manner that
a reach time difference and a level ratio of signals
respectively reaching the left and right ears of the lis-
tener 6 when the audio signals are output from the
reproducing loudspeakers 3 and 4 are made equal to
the reach time difference dt and the level ratio α.
[0037] For example, when a pair of impulse
responses from reproducing loudspeakers 3 and 4 to
both ears of a listener are represented by L(n) (left ear)
and R(n) (right ear), the relationship expressed by
Equation (3) below must be established in order to sat-
isfy the above condition. In this example, H1(n) and
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H2(n) which satisfy the condition of Equation (3) are set
for the FIR filters 2-1 and 2-2.

(3)

[0038] In the above equation, τ indicates, when a
signal S(n) is output from the reference loudspeaker 5,
a time difference dt in the notation of discrete time
obtained by subtracting the time tR at which the signal
reaches the right ear from the time tL at which the signal
reaches the left ear; and α is obtained by dividing the
level of the signal which reaches the right ear by the
level of the signal which reaches the left ear. Usually, in
the case where the loudspeaker 5 is located on the left
side as is shown in Figure 1, τ 2 0, and α 2 1. In addi-
tion, the time difference dt and the level ratio α can be
calculated by using the timings at which the peaks of the
respective signals reach and the signal levels at the
peaks.
[0039] Next, referring to Figure 2, a device and a
method for calculating the filter coefficients (impulse
responses) H1(n) and H2(n) in the sound field and
sound image control apparatus 100 of this example will
be described. Figure 2 is a block diagram showing a fil-
ter coefficient (hereinafter referred to as sound image
control coefficient) calculating device 200 for the sound
field and sound image control of this example.
[0040] The device 200 includes reproduction-sys-
tem characteristics input terminals 11-1 to 11-4 for
inputting signals representing impulse responses from
two reproducing loudspeakers to both ears of a listener,
and reference characteristics input terminals 12-1 and
12-2 for inputting signals representing impulse
responses from the reference loudspeaker located at a
position at which a sound image is to be localized to
both ears of the listener. The impulse response signals
which are input to the respective input terminals corre-
spond to the impulse responses C1(n) - C4(n) and the
impulse responses T1(n) and T2(n) shown in Figure 1.
Hereinafter the impulse response signals correspond-
ing to the respective impulse responses are repre-
sented by SC1(n), ST1(n) and the like.
[0041] The device 200 includes a filter coefficient
calculator 18, FIR filters 22-1, 22-2, and 23-1 to 23-4, a
filter coefficient setting device 20, an impulse generator
21, adders 24-1 and 24-2, correlation ratio calculators
25-1 and 25-2, a feedback controller 26, and filter coef-
ficient output terminals 19-1 and 19-2. The filter coeffi-
cient calculator 18 calculates a pair of filter coefficients
(in the figure, indicated by H'1(n) and H'2(n)) in accord-
ance with the left sides of Equations (1) and (2), based
on the impulse response signals SC1(n) to SC4(n) rep-
resenting the reproduction-system characteristics, and
the pair of impulse response signals ST'1(n) and
ST'2(n) representing the reference characteristics. The
filter coefficient setting device 20 sets the filter coeffi-
cients for the respective FIR filters 23-1 to 23-4, 22-1
and 22-2, based on the impulse response signals

SC1(n) to SC4(n) and the signals SH'1(n) and SH'2(n)
representing the filter coefficients which are all output
from the filter coefficient calculator 18. The impulse gen-
erator 21 supplies an impulse signal S110 to the FIR fil-
ters 22-1 and 22-2. The adders 24-1 and 24-2 add the
signals S121 - S124 which are output from the FIR fil-
ters 23-1 to 23-4. The correlation ratio calculators 25-1
and 25-2 calculate correlation ratio of the outputs S130
and S140 from the adders 24-1 and 24-2 and the
impulse response signals ST'1(n) and ST'2(n), respec-
tively. The feedback controller 26 compares the correla-
tion ratios with a predetermined value, and controls the
filter coefficient calculator 18 based on the compared
result. The filter coefficient output terminals 19-1 and
19-2 output the final filter coefficients H1(n) and H2(n)
calculated by the filter coefficient calculator 18.

[0042] The device 200 further includes a level ratio
detector 13, a time difference detector 14, switches 15-
1 and 15-2, a time difference adjuster 16, and a level
ratio adjuster 17. The level ratio detector 13 detects a
level ratio α of signal levels between the pair of impulse
response signals ST1(n) and ST2(n) input through the
reference characteristics input terminals 12-1 and 12-2.
The time difference detector 14 detects a relative time
difference dt between the pair of impulse response sig-
nals ST1(n) and ST2(n). The switches 15-1 and 15-2
select a pair of impulse response signals from among
the impulse response signals SC1(n) - SC4(n) which
are input through the reproduction-system characteris-
tics input terminals 11-1 -11-4. The time difference
adjuster 16 adjusts a delay time so that the relative time
difference between the pair of impulse response signals
S101 and S102, which are selected by the switches 15-
1 and 15-2, is made equal to the time difference dt. The
level ratio adjuster 17 adjusts signal levels so that the
level ratio of the pair of impulse response signals S105
and S106, which are output from the time difference
adjuster 16, is made equal to the level ratio α. The level
ratio adjuster 17 outputs impulse response signals
ST'1(n) and ST'2(n) representing reference characteris-
tics T'1(n) and T'2(n).
[0043] A method for calculating a sound image con-
trol coefficient performed by the sound image control
coefficient calculating device 200 in the first example
with the above-described construction will be described
below.
[0044] Each of the impulse response signals
SC1(n) - SC4(n), which are input through the reproduc-
tion-system characteristics input terminals 11-1 to 11-4,
is branched into two signals which are in turn input to
the filter coefficient calculator 18 and the switch 15-1 or
15-2, respectively. The signals SC1(n) and SC3(n) are
input to the switch 15-1, and the signal SC2(n) and
SC4(n) are input to the switch 15-2. Each of the
switches 15-1 and 15-2 selects one of the two input
impulse response signals, and outputs the selected sig-
nal to the time difference adjuster 16. At this stage, the
pair of signals SC1(n) and SC2(n) are selected when

R(n) = α g L (n + τ)
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the sound image is to be localized on the left side of the
listener, and the pair of signals SC3(n) and SC4(n) are
selected when the sound image is to be localized on the
right side of the listener. The impulse response signals
selected by the switches 15-1 and 15-2 are input into
the time difference adjuster 16 as signals S101 and
S102, respectively.

[0045] Each of the impulse response signals
ST1(n) and ST2(n), which are input through the refer-
ence characteristics input terminals 12-1 and 12-2, is
branched into two signals which are in turn input into the
level ratio detector 13 and the time difference detector
14. In the level ratio detector 13, the level ratio α of the
signals ST1(n) and ST2(n) is calculated, and the calcu-
lated level ratio is fed to the level ratio adjuster 17 as a
level ratio detection signal S103. In the time difference
detector 14, the relative time difference dt between the
impulse response signals ST1(n) and ST2(n) is calcu-
lated, and the calculated time difference is output to the
time difference adjuster 16 as a time difference detec-
tion signal S104. The time difference adjuster 16
receives the pair of impulse response signals S101 and
S102 from the switches 15-1 and 15-2 and the time dif-
ference detection signal S104 from the time difference
detector 14. Then, the time difference adjuster 16
adjusts the impulse response signals S101 and S102 so
that the relative time difference between the impulse
response signals S101 and S102 is made equal to the
time difference dt indicated by the time difference detec-
tion signal S104. The adjusted signals are output to the
level ratio adjuster 17 as the signals S105 and S106.
[0046] The level ratio adjuster 17 receives the level
ratio detection signal S103, the signals S105 and S106,
and performs a gain adjustment so that the level ratio of
the signals S105 and S106 is made equal to the level
ratio α indicated by the level ratio detection signal S103.
Then, the level ratio adjuster 17 outputs a signal S107
(the reference characteristics signal ST'1(n)) and a sig-
nal S108 (ST'2(n)) for calculating the filter coefficient to
the filter coefficient calculator 18.
[0047] Figure 3 shows an example of the level ratio
detector 13 and a level ratio detecting method per-
formed by the level ratio detector 13. For example, the
level ratio detector 13 can be constructed by a divider
13-3, and peak detecting circuits 13-5 and 13-6.
Through input terminals 13-1 and 13-2, the impulse
response signals ST1(n) and ST2(n) are input, respec-
tively. By the peak detecting circuits 13-5 and 13-6, a
peak level A of the signal ST1(n) and a peak level B of
the signal ST2(n) are detected, respectively, and the
detected values are fed to the divider 13-3. In the divider
13-3, a peak level ratio  is calculated and output
from an output terminal 13-4 as the level ratio detection
signal S103. In Figure 3 and also in Figures 4 to 6, the
input signals ST1(n) and ST2(n) are schematically rep-
resented by showing the peak sound pressures A and B
in which the horizontal axis denotes a time and the ver-
tical axis denotes a voltage value. If the sound pressure

is represented in decibel, a subtracter for calculating (A
- B) is used instead of the divider.

[0048] Figure 4 shows an example of the time differ-
ence detector 14 and a time difference detecting
method performed by the time difference detector 14.
The time difference detector 14 first detects times t1 and
t2 corresponding to the peak levels for the impulse
response signals ST1(n) and ST2(n) which are input
through input terminals 14-1 and 14-2, respectively. The
detecting circuits for detecting a peak of a signal level
and for detecting a time corresponding to the peak can
be realized by a conventional techniques using a micro-
computer or the like. From the times t1 and t2, a relative
time difference dt is obtained and output through an out-
put terminal 14-3 as the time difference detection signal
S104.
[0049] Figure 5 schematically shows an example of
the time difference adjuster 16 and a time difference
adjusting method performed by the time difference
adjuster 16. The time difference adjuster 16 first detects
times t'1 and t'2 corresponding to the peak levels of the
impulse response signals S101 and S102 input through
input terminals 16-1 and 16-2, respectively. Herein, the
pair of the signals S101 and S102 may be a pair of the
impulse response signals SC1(n) and SC2(n).
[0050] Through an input terminal 16-3, the time dif-
ference detection signal S104 is input. Based on the
time difference dt indicated by the signal S104, the sig-
nal S102 is delayed so that the peak position of the sig-
nal S102 is adjusted to be a time t3. That is, the signal
S102 is delayed by so that the time dif-
ference between t'1 and t3 is made equal to dt. The sig-
nal S106 which is obtained by delaying the signal S102
is output through an output terminal 16-5. The signal
S101 is directly output through an output terminal 16-4
as the output signal S105. In this way, the time differ-
ence at the peak sound pressure between the signals
S105 and S106 output from the time difference adjuster
16 is adjusted so as to be equal to the time difference dt
indicated by the time difference detection signal S104.
[0051] Figure 6 is a schematic diagram showing an
example of the level ratio adjuster 17 and a level ratio
adjusting method performed by the level ratio adjuster
17. The level ratio adjuster 17 can be constructed of
peak detecting circuits 17-4 and 17-5, a multiplier 17-6,
and a calculator 17-7 by using a conventional signal
processing technique.
[0052] Through an input terminal 17-1, the output
signal S105 of the time difference adjuster 16, and
through an input terminal 17-2, the signal S106 is input.
By the peak detecting circuits 17-4 and 17-5, a peak
sound pressure A' of the input signal S105 and a peak
sound pressure B' of the input signal S106 are detected,
respectively.
[0053] Through an input terminal 17-3, the level
ratio detection signal S103 is input from the level ratio
detector 13. The calculator 17-7 receives signals indi-
cating the peak sound pressures A' and B' and the sig-

α = B/A

t = dt - t' 2 + t' 1

11 12

5

10

15

20

25

30

35

40

45

50

55



EP 0 684 751 B1

8

nal S103 indicating the level ratio α, and calculates
. The calculated result is output to the mul-

tiplier 17-6. The multiplier 17-6 multiplies the input sig-
nal S106 by the calculated result , and the
resulting signal S108 is output. The peak level of the
output signal S108 is A'gα, so that the level ratio of the
signals S108 and S105 is α. The output signal having
the peak level A'gα is output through an output terminal
17-9 as an impulse response signal ST'2(n). The signal
S105 is directly output through an output terminal 17-8
as the output signal S107. In this way, the signals S107
and S108 output from the level ratio adjuster 17 have a
peak ratio which is equal to the peak ratio α which is
given by the peak ratio detection signal S103. These
signals S107 and S108 are fed to the filter coefficient
calculator 18 as the impulse response signals ST'1(n)
and ST'2(n), respectively.

[0054] The filter coefficient calculator 18 receives
the impulse response signals SC1(n) - SC4(n) applied
through the reproduction-system characteristics input
terminals 11-1 - 11-4, and also receives the impulse
response signals ST'1(n) and ST'2(n) applied from the
level ratio adjuster 17. The filter coefficient calculator 18
calculates filter coefficients H'1(n) and H'2(n) which sat-
isfy Equations (4) and (5) below, based on the impulse
responses C1(n) - C4(n), T'1(n) and T'2(n).

(4)

(5)

[0055] The filter coefficient calculator 18 can be
constructed as a matrix calculator. Instead of the matrix
calculator, it is possible to use another calculator in
which the coefficients are obtained by performing the
Fourier transform for the impulse response, and per-
forming the operation in the frequency domain.
[0056] The impulse response signals SC1(n) -
SC4(n) and the impulse response signals SH'1(n) and
SH'2(n) based on the calculated results are fed to the fil-
ter coefficient setting device 20. The filter coefficient
setting device 20 sets the coefficient H'1(n) for the FIR
filter 22-1 and the coefficient H'2(n) for the FIR filter 22-
2, as their tap coefficients. Similarly, for the FIR filters
23-1 - 23-4, the impulse responses C1(n) - C4(n) are
set.
[0057] After the tap coefficients of the FIR filters are
set, a pulse signal S110 is supplied from the impulse
generator 21 to the FIR filters 22-1 and 22-2. The filters
22-1 and 22-2 perform the filtering processes (convolu-
tion) in accordance with their tap coefficients (impulse
responses H'1(n) and H'2(n)). The resulting signal S111
is branched into two signals which are in turn input to
the FIR filters 23-1 and 23-2. The resulting signal S112
is branched into two signals which are in turn input to
the FIR filters 23-3 and 23-4. The FIR filters 23-1 - 23-4
perform the filtering processes in accordance with their
tap coefficients (impulse responses C1(n) - C4(n)), and

outputs resulting signals S121 - S124.

[0058] The adder 24-1 receives the signals S121
and S123, and adds the signals to each other. The
resulting added signal S130 is supplied to the correla-
tion ratio calculator 25-1. The adder 24-2 receives the
signals S122 and S124, and adds the signals to each
other. The resulting added signal S140 is supplied to the
correlation ratio calculator 25-2.
[0059] The added signal S130 corresponds to the
calculation result shown in the right side of Equation (4),
and the added signal S140 corresponds to the calcula-
tion result shown in the right side of Equation (5). That
is, the added signals S130 and S140 correspond to the
impulse responses L(n) and R(n) which are realized at
the left-ear and right-ear positions of a listener by the
calculated filter coefficients H'1(n) and H'2(n).
[0060] The correlation ratio calculator 25-1 calcu-
lates a correlation ratio of the impulse response T'1(n)
which is applied from the level ratio adjuster 17 as the
reference characteristics to the added signal S130
applied from the adder 24-1, thereby generating a cor-
relation ratio signal S131. Similarly, the correlation ratio
calculator 25-2 calculates a correlation ratio of the
impulse response T'2(n) which is applied from the level
ratio adjuster 17 as the reference characteristics to the
added signal S140 applied from the adder 24-2, thereby
generating a correlation ratio signal S141. Each of the
correlation ratio calculators 25-1 and 25-2 can be con-
structed of a subtracter and an adder (and, if necessary,
a divider for dividing the subtracted result by the added
result) by using a conventional technique. For example,
the subtracter may subtract one of two input signals
from the other and output an absolute value of the
obtained difference, and the adder may add the respec-
tive absolute values of two input signals to each other. In
the case where the divider is used, the correlation ratio
can be a value of 0 to 1.
[0061] The feedback controller 26 receives the cor-
relation ratio signals S131 and S141, and compares the
signals with a predetermined value. Based on the com-
pared result, the feedback controller 26 generates a
control signal S150 which is supplied to the filter coeffi-
cient calculator 18. If the correlation ratios indicated by
the correlation ratio signals S131 and S141 are equal to
or larger than the predetermined value, the control sig-
nal S150 instructs the filter coefficient calculator 18 to
stop the operation. Otherwise, the control signal S150
instructs the calculator 18 to continue the operation.
[0062] The filter coefficient calculator 18 stops the
filter coefficient calculation if the stop is instructed by the
control signal S150 applied from the feedback controller
26. In this case, the filter coefficient calculator 18 out-
puts the filter coefficients H'1(n) and H'2(n), which have
been obtained in the previous calculation, through filter
coefficient output terminals 19-1 and 19-2 as the final fil-
ter coefficients H1(n) and H2(n). In the case where the
calculation is instructed to be continued by the control
signal S150, the impulse responses T'1(n) and T'2(n)

(A'g α) / B'

(A'gα) / B'

T'1(n) = H'1(n)*C1(n) + H'2(n)*C3(n)

T'2(n) = H'1(n)*C2(n) + H'2(n)*C4(n)
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are delayed by a predetermined time, and again the fil-
ter coefficients H'1(n) and H'2(n) are calculated. Then,
the same processes are repeated.

[0063] The feedback control is performed for com-
pensating the delay due to the filtering processes in the
FIR filters 22-1 and 22-2, and can be performed by a
software processing using a dedicated microcomputer.
As a result of the feedback control, the right sides of
Equations (4) and (5) can be used for calculating the fil-
ter coefficients H1(n) and H2(n) which are more accu-
rately in accord with not only the profiles of the impulse
responses T'1(n) and T'2(n) but also the times of the
impulse responses.
[0064] In this way, in the case, for example, where
the sound image is to be localized on the left side of the
listener 6 by the sound field and sound image control
apparatus 100, it is possible to minimize the difference
between the sound quality of the sound image localized
by the apparatus 100 and the sound quality of the sound
reproduced from the left-side (the side on which the
sound image is localized) reproducing loudspeaker 3
without using the apparatus 100. Similarly, in the case
where the sound image is to be localized on the right
side of the listener 6 by the apparatus 100, it is possible
to minimize the difference between the sound quality of
the localized sound image and the sound quality of the
sound reproduced from the right-side reproducing loud-
speaker 4 without using the apparatus 100.
[0065] In this example, the cases where the sound
image is to be localized on the left side and the right
side of the listener 6 are described. Alternatively, irre-
spective of the position at which the sound image is to
be localized, either a pair of C1(n) and C2(n) or a pair of
C3(n) and C4(n) may be used.
[0066] As described above, the device 200 in this
example does not directly use the impulse responses
T1(n) and T2(n) from the reference loudspeaker 5 actu-
ally located at a position at which the sound image is
localized to both ears of the listener 6. The device 200
in this example uses, as the reference characteristics,
the impulse responses T'1(n) and T'2(n) which are
obtained by controlling the level ratio and the relative
time difference of the (pair of) impulse responses from
one of the reproducing loudspeakers 3 and 4 to both
ears of the listener 6, thereby calculating the filter coef-
ficients. Accordingly, it is possible to reduce the change
in sound quality of the localized sound image while
maintaining the effects of the sound image localization.
[0067] Also, as described above, the filter coeffi-
cients for sound image control are calculated while the
impulse responses T'1(n) and T'2(n) representing the
reference characteristics are both delayed by a very lit-
tle time period using a method of successive approxi-
mation (iteration method), whereby more accurate
results can be obtained.

Example 2

[0068] Next, a device for calculating sound image
control coefficients and a sound image control coeffi-
cient calculating method in a second example according
to the invention will be described. Figure 7 is a block dia-
gram showing a sound image control coefficient calcu-
lating device 300 of the second example.
[0069] The device 300 includes reproduction-sys-
tem characteristics input terminals 11-1 - 11-4, refer-
ence characteristics input terminals 12-1 and 12-2, a
filter coefficient calculator 18, FIR filters 22-1, 22-2, and
23-1 - 23-4, a filter coefficient setting device 20, an
impulse generator 21, adders 24-1 and 24-2, a correla-
tion ratio calculators 25-1 and 25-2, a feedback control-
ler 26, and filter coefficient output terminals 19-1 and
19-2. These components and elements are the same as
those used in the device 200 in the first example, so that
the descriptions thereof are omitted.
[0070] The device 300 further includes a level ratio
detector 13, a time difference detector 14, a switch 31,
a time difference adjuster 32, and a level ratio adjuster
33. Among them, the level ratio detector 13 and the time
difference detector 14 are the same as those in the
device 200 in the first example.
[0071] Each of the impulse response signals
SC1(n) - SC4(n) input through the reproduction-system
characteristics input terminals 11-1 - 11-4 is branched
into two signals, which are in turn input into the filter
coefficient calculator 18 and the switch 31. The switch
31 selects one of the four input impulse response sig-
nals and output the selected signal. The selected
impulse response signal S201 is branched into two sig-
nals, which are in turn applied to the time difference
adjuster 32 and the filter coefficient calculator 18. The
impulse response signal S201 applied to the filter coef-
ficient calculator 18 is directly used as the reference
characteristic T'1(n) for calculating the filter coefficients.
[0072] Each of the impulse response signals
ST1(n) and ST2(n) input through the reference charac-
teristics input terminals 12-1 and 12-2 is branched into
two signals, which are in turn input to the level ratio
detector 13 and the time difference detector 14. In the
level ratio detector 13, a level ratio α of the signals
ST1(n) and ST2(n) is calculated, and the calculated
result is applied to the level ratio adjuster 33 as a level
ratio detection signal S103. In the time difference detec-
tor 14, a relative time difference dt between the impulse
response signals ST1(n) and ST2(n) is calculated, and
the calculated result is output to the time difference
adjuster 32 as a time difference detection signal S104.
The constructions and the operations of the level ratio
detector 13 and the time difference detector 14 are the
same as those in the device 200 described in the first
example.
[0073] The time difference adjuster 32 receives the
impulse response signal S201 output from the switch 31
and the time difference detection signal S104 output
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from the time difference detector 14. The time difference
adjuster 32 delays the impulse response signal S201 by
a time corresponding to the time difference dt indicated
by the time difference detection signal S104. The
delayed signal is output to the level ratio adjuster 33 as
a signal S205.

[0074] The level ratio adjuster 33 receives the sig-
nal S205 and the level ratio detection signal S103, and
performs the gain adjustment by multiplying the delayed
impulse response signal S205 by the level ratio α indi-
cated by the level ratio detection signal S103. Then, the
gain-adjusted signal S208 is output to the filter coeffi-
cient calculator 18. The signal S208 is a signal obtained
by delaying the impulse response signal S201 (i.e., the
reference characteristics signal ST'1(n)) by a time dt,
and by multiplying the level by α. The signal S208 is
input to the filter coefficient calculator 18 as the other
reference characteristics signal ST'2(n) for calculating
the filter coefficients.
[0075] The filter coefficient calculator 18 receives
the impulse response signals SC1(n) - SC4(n) applied
through the reproduction-system characteristics input
terminals 11-1 - 11-4, the impulse response signal S201
(i.e., the reference characteristics signal ST'1(n))
applied from the switch 31, and the impulse response
signal S208 (i.e., ST'2(n)) applied from the level ratio
adjuster 33. Based on the impulse responses C1(n) -
C4(n), T'1(n), and T'2(n), the filter coefficient calculator
18 calculates the filter coefficients H'1(n) and H'2(n)
which satisfy Equations (4) and (5) above, the same as
in the device 200.
[0076] The subsequent signal processes are the
same as those in the device 200 described in the first
example, and the final filter coefficients H1(n) and H2(n)
are output through the output terminals 19-1 and 19-2.
[0077] As described above, the device 300 in this
example does not directly use the impulse responses
T1(n) and T2(n) from the reference loudspeaker 5 actu-
ally located at a position at which the sound image is to
be localized to both ears of the listener 6. The device
300 in this example uses, as the reference characteris-
tics, an impulse response (T'1(n)) from one of the repro-
ducing loudspeakers to one of the ears of the listener 6,
and an impulse response (T'2(n)) which is obtained by
controlling the level ratio and the relative time difference
of the impulse response, thereby calculating the filter
coefficients. Accordingly, it is possible to reduce the
change in sound quality of the localized sound image
while maintaining the effects of the sound image locali-
zation.

Example 3

[0078] Next, a sound field and sound image control
apparatus, and a device and a method for calculating
sound image control coefficients in a third example
according to the invention will be described.
[0079] Figure 8 schematically shows a method for

localizing a sound image in the left rear of a listener 6 by
a sound field and sound image control apparatus 400 in
the third example.

[0080] In the apparatus 400, sound source signals
S(n) generated by a sound source 1 are processed by
FIR filters 2-3 and 2-4, and then the processed signals
are reproduced from a L-ch reproducing loudspeaker 3
and a R-ch reproducing loudspeaker 4, respectively. For
the FIR filter 2-3, filter coefficients H1(n) are set. For the
FIR filter 2-4, filter coefficients H2(n) are set. In cases
where the apparatus 400 is used for digital processing,
an A/D converter and a D/A converter are required. For
simplicity, such converters are omitted in the figure. The
listener 6 stays at a position distant from the two loud-
speakers 3 and 4 by equal distances (i.e., on the center
line), and faces the front (i.e., faces toward the middle
point between two loudspeakers). The construction of
the apparatus 400 is the same as that of the apparatus
100 described in the first example, except for the con-
structions and the operations of the FIR filters 2-3 and
2-4.
[0081] In this example, the audio signals are proc-
essed by the FIR filters 2-3 and 2-4 in such a manner
that the impulse responses at a position of a first-side
ear (i.e., the ear closer to a sound image to be localized)
when the audio signals after the convolution process by
the FIR filters 2-3 and 2-4 are output from the reproduc-
ing loudspeakers 3 and 4 so as to localize a sound
image on the first side (left or right) of the listener 6 are
made equal to the impulse responses at the position of
the first-side ear when the sound source signals are
directly output from the loudspeaker located on the first
side of the listener 6 without any process.
[0082] Also, the FIR filters 2-3 and 2-4 perform the
convolution processes so that the difference in transfer
characteristics between the ears of the listener 6 when
the signals obtained by processing the signals S(n) by
the FIR filters 2-3 and 2-4 are output from the reproduc-
ing loudspeakers 3 and 4 is made equal to the differ-
ence in transfer characteristics between the ears of the
listener 6 when the signals S(n) are output from the ref-
erence loudspeaker 5.
[0083] As in the first example, in Figure 8, C1(n)
indicates an impulse response from the loudspeaker 3
at the position of the left ear of the listener 6. Similarly,
C2(n) indicates an impulse response from the L-ch
loudspeaker 3 at the position of the right ear of the lis-
tener 6, C3(n) indicates an impulse response from the
R-ch loudspeaker 4 at the position of the left ear of the
listener 6, and C4(n) indicates an impulse response
from the R-ch loudspeaker 4 at the position of the right
ear of the listener 6. In addition, T1(n) and T2(n) indi-
cate impulse responses from the reference loudspeaker
5 to the left and right ears of the listener 6, respectively.
The respective values of C1(n) - C4(n), T1(n) and T2(n)
can be obtained by actual measurements or simulation.
In addition, a pair of impulse responses from the loud-
speakers 3 and 4 to both ears of the listener 6 when the
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audio signals processed by the FIR filters 2-3 and 2-4
are reproduced from the loudspeakers 3 and 4 are rep-
resented by L(n) (the left ear) and R(n) (the right ear).

[0084] For example, in order to satisfy the above
two conditions when the sound image is to be localized
on the left side of the listener 6, the conditions
expressed by Equations (6) and (7) below should be
established.

(6)

(7)

[0085] In the equations, F[] denotes a Fourier trans-
form, that is, a transform from a time domain to a fre-
quency domain.
[0086] The impulse response R(n) is obtained on
the basis of Equations (6) and (7) as follows:

(8)

[0087] In the above equation, F-1{} denotes an
inverse Fourier transform, that is, a transform from a fre-
quency domain to a time domain.
[0088] The impulse responses L(n) and R(n) satisfy
the following conditions expressed by Equations (9) and
(10) below.

(9)

(10)

On the basis of Equations (6) and (8) through (10), the
following is obtained:

(11)

(12)

[0089] In this example, for the FIR filters 2-3 and 2-
4, the coefficients H1(n) and H2(n) which satisfy the
conditions of Equations (11) and (12) are set.
[0090] Next, referring to Figure 9, a device and a
method for calculating the filter coefficients (impulse
responses) H1(n) and H2(n) in the sound field and
sound image control apparatus 400 of the third example
will be described. Figure 9 is a block diagram showing a
sound image control coefficient calculating device 500
in the third example.
[0091] Similar to the devices 200 and 300, which
are described in the first and second examples, the
device 500 includes reproduction-system characteris-
tics input terminals 11-1 - 11-4, reference characteris-
tics input terminals 12-1 and 12-2, a filter coefficient
calculator 18, FIR filters 22-1, 22-2, and 23-1 - 23-4, a
filter coefficient setting device 20, an impulse generator

21, adders 24-1 and 24-2, correlation ratio calculators
25-1 and 25-2, a feedback controller 26, and filter coef-
ficient output terminals 19-1 and 19-2. These compo-
nents are the same as those in the devices 200 and
300, so that the descriptions thereof are omitted.

[0092] The device 500 further includes a transfer
characteristic difference detector 41, a transfer charac-
teristic adjuster 42, and a switch 31. The switch 31 is the
same as that in the device 300.
[0093] Each of the impulse response signals
SC1(n) - SC4(n) input through the reproduction-system
characteristics input terminals 11-1 - 11-4 is branched
into two signals which are in turn input to the filter coef-
ficient calculator 18 and the switch 31. The switch 31
selects one of the four input impulse response signals
and outputs the selected one. The selected impulse
response signal S201 is branched into two signals
which are applied to the transfer characteristic adjuster
42 and the filter coefficient calculator 18. The impulse
response signal S201, applied to the filter coefficient
calculator 18, is directly used as the reference charac-
teristic T'1(n) for calculating the filter coefficients.
[0094] The impulse response signals ST1(n) and
ST2(n) input through the reference characteristics input
terminals 12-1 and 12-2 are input into the transfer char-
acteristic difference detector 41. In the transfer charac-
teristic difference detector 41, the transfer
characteristics of both of the signals ST1(n) and ST2(n)
are calculated, and a ratio of transfer characteristic at
each frequency is detected. Specifically, the transfer
characteristic ratio on the frequency axis is calculated in
accordance with the right side of Equation (7) above.
The calculated ratio is output to the transfer characteris-
tic adjuster 42 as a detection signal S301.
[0095] The transfer characteristic adjuster 42 per-
forms the operation shown in the left side of Equation
(12), based on the impulse response signal S201
applied from the switch 31 and the detection signal
S301. The obtained result is output as a signal S302.
The signal S302 is applied to the filter coefficient calcu-
lator 18, and used as the reference characteristic T'2(n)
for calculating the filter coefficients.
[0096] Figure 10 is a block diagram of an example
of the transfer characteristic difference detector 41 and
a method for detecting the transfer characteristic ratio
performed by the transfer characteristic difference
detector 41. The transfer characteristic difference
detector 41 can be constructed of Fourier transformers
41-3 and 41-4, and a divider 41-5. These circuits can be
realized by a conventional technique using a microcom-
puter or the like.
[0097] The impulse response signals ST1(n) and
ST2(n), input through input terminals 41-1 and 41-2, are
first processed (Fourier transformed) by the Fourier
transformers 41-3 and 41-4, respectively. The Fourier
transformer 41-3 outputs a signal F[T1(n)] in the fre-
quency domain to the divider 41-5. The Fourier trans-
former 41-4 outputs a signal, F[T2(n)] in the frequency

L(n) = C1(n)

F[L(n)] / F[R(n)] = F[T1(n)] / F[T2(n)]

R(n) = F -1{F[C1(n)]gF[T2(n)] / F[T1(n)]}

L(n) = H1(n)*C1(n) + H2(n)*C3(n)

R(n) = H1(n)*C2(n) + H2(n)*C4(n)

C1(n) = H1(n)*C1(n) + H2(n)*C3(n)

F -1{F[C1(n)]gF[T2(n)] / F[T1(n)]}
= H1(n)*C2(n) + H2(n)*C4(n)
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domain to the divider 41-5. In the divider 41-5, the trans-
fer characteristic ratio F[T2(n)] / F[T1(n)] is calculated,
and the result is output from an output terminal 41-6 as
the signal S301.

[0098] Figure 11 is a block diagram of an example
of the transfer characteristic adjuster 42, and a method
for adjusting the transfer characteristic performed by the
transfer characteristic adjuster 42. The transfer charac-
teristic adjuster 42 can be constructed of a Fourier
transformer 42-3, a multiplier 42-4, and an inverse Fou-
rier transformer 42-5. These circuits can be realized by
a conventional technique using a microcomputer or the
like.
[0099] The impulse response signal S201, (Ci(n); i
is one of 1 - 4) input through an input terminal 42-1, is
processed (Fourier transformed) by the Fourier trans-
former 42-3, and then output to the multiplier 42-4 as a
signal  F[Ci(n)]  on  the  frequency  axis.  The  multiplier
42-4  multiplies  the  signal  F[Ci(n)]  by  the  transfer
characteristic ratio F[T2(n)] / F[T1(n)] based on the sig-
nal S301 input through an input terminal 42-2. The mul-
tiplication result is output
to the inverse Fourier transformer 42-5. The inverse
Fourier transformer 42-5 transforms the multiplication
result into an impulse response signal

on a time axis. The
resulting impulse response signal is output through an
output terminal 42-6 as the signal S302.
[0100] The impulse response signal S302 output
from the transfer characteristic adjuster 42 is input to
the filter coefficient calculator 18 as the other reference
characteristics signal ST'2(n) for the filter coefficient cal-
culation.
[0101] The filter coefficient calculator 18 receives
the impulse response signals SC1(n) - SC4(n) applied
through the reproduction-system characteristics input
terminals 11-1 - 11-4, the impulse response signal S201
(i.e., the reference characteristics signal ST'1(n))
applied from the switch 31, and the impulse response
signal S302 (i.e., ST'2(n)) applied from the transfer
characteristic adjuster 42. Based on the impulse
responses C1(n)-C4(n), T'1(n), and T'2(n), the filter
coefficients H'1(n) and H'2(n) which satisfy the condi-
tions of Equations (11) and (12) are calculated, similar
to the devices 200 and 300.
[0102] The subsequent signal processes are the
same as those in the devices 200 and 300 described in
the first and second examples, and the filter coefficients
H1(n) and H2(n) are finally output through the output
terminals 19-1 and 19-2.
[0103] As described above, the sound image is
localized on the left side of the listener 6 by realizing the
transfer characteristic ratio of impulse response
between the left and the right ears of the listener 6 (the
difference between transfer characteristics of head-
related transfer functions) when the sound source is
located on the left side, with the two reproducing loud-
speakers 3 and 4. At the same time, the impulse

response from the localized sound image to the left ear
of the listener 6 is made equal to the impulse response
from the L-ch loudspeaker 3 in front of the listener 6 to
the left ear of the listener 6, whereby the change in
sound quality of the sound image can be minimized.

[0104] In the above example, the sound image is
localized on the left side of the listener 6. If the sound
image is to be localized on the right side of the listener
6, the coefficients H1(n) and H2(n) can be set so as to
satisfy the conditions of Equations (13) and (14) below.

(13)

(14)

[0105] As described above, the device 500 in this
example does not directly use the impulse responses
T1(n) and T2(n) from the reference loudspeaker 5 actu-
ally located at a position at which the sound image is to
be localized to both ears of the listener 6. The device
500 in this example uses, as the reference characteris-
tics, an impulse response (T'1(n)) from one of the repro-
ducing loudspeakers to one of the ears of the listener 6,
and an impulse response (T'2(n)) which is obtained by
controlling the transfer characteristic of the impulse
response, thereby calculating the filter coefficients.
Accordingly, it is possible to reduce the change in sound
quality of the localized sound image while maintaining
the effects of the sound image localization.
[0106] In the first to third examples, cases where
the sound image is localized on either side of the lis-
tener 6 have been described. Alternatively, if the sound
image is to be localized at the rear of the listener 6, the
constructions and the processes are the same as in the
above cases. In an alternative case where a so-called
surround signal is localized on the side of the listener 6
and a main signal is localized forwardly, the sound qual-
ity of the surround signal can be made equal to the
sound quality of the main signal, by using the apparatus
of the invention described in the first to third examples.
Thus, it is possible to realize the sound field and sound
image reproduction with natural expansion and pres-
ence.

Example 4

[0107] Next, a sound field and sound image control
apparatus, and a sound image control method accord-
ing to a fourth example of the invention will be
described. In this example, an apparatus which can pro-
vide a plurality of listeners with expansion and presence
is described.
[0108] Figure 12 is a block diagram showing the
sound field and sound image control apparatus 600 in
the fourth example.
[0109] The apparatus 600 includes stereo signal

F[Ci(n)] g F[T2(n)] / F[T1(n)]

F -1{F[Ci(n)] g F[T2(n)] / F[T1(n)]}

C4(n) = H1(n)*C2(n) + H2(n)*C4(n)

F -1{F[C4(n)] g F[T1(n)] / F[T2(n)]}
= H1(n)*C1(n) + H2(n)*C3(n)
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input terminals 51-1 and 51-2, a subtracter 52, delay
elements 53-1 - 53-6, multipliers 54-1 - 54-4, FIR filters
55-1 - 55-4, adders 56-1 and 56-2, and reproducing
loudspeakers 57-1 and 57-2. Through the stereo signal
input terminals 51-1 and 51-2, stereo signals SL(n) and
SR(n) are input. The subtracter 52 calculates a differ-
ence between the stereo signals SL(n) and SR(n), so as
to obtain a difference signal D(n). Each of the delay ele-
ments 53-1 - 53-6 receives a corresponding branched
difference signal D(n), and delays the signal by a prede-
termined time. The times delayed by the delay elements
53-1 - 53-6 are respectively predetermined. The multi-
pliers 54-1 - 54-4 perform the gain adjustment by multi-
plying the delayed difference signals D(n) by respective
predetermined coefficients (g1 - g4). The FIR filters 55-
1 - 55-4 perform the filtering process to the stereo sig-
nals SL(n) and SR(n) (the filter coefficients H1(n) -
H4(n)). The adders 56-1 and 56-2 add the signals out-
put from the FIR filters 55-1 - 55-4 and the signals out-
put from the multipliers 54-1 - 54-4. The reproducing
loudspeakers 57-1 and 57-2 reproduce the output sig-
nals from the adders 56-1 and 56-2. A first listener 58-1
stays at a center position in front of the two reproducing
loudspeakers 57-1 and 57-2. A second listener 58-2
stays on the left side of the first listener 58-1. A third lis-
tener 58-3 stays on the right side of the first listener 58-
1. Herein, the coefficients g1 - g4 used in the multipliers
54-1 - 54-4 are not limited to positive values. For exam-
ple, the coefficients g1 and g2 in the multipliers 54-1
and 54-2 for the signals to be reproduced from the L-ch
loudspeaker 57-1 may be set so as to be positive val-
ues, and the coefficient g3 and g4 in the multipliers 54-
3 and 54-4 for the signals to be reproduced from the R-
ch loudspeaker 57-2 may be set so as to be negative
values. In such a setting, more increased presence can
be expected.

[0110] The operation of the apparatus 600 with the
above construction is now described.
[0111] The stereo signal SL(n), input through the
stereo signal input terminal 51-1, is branched into two
signals, one of which is input to the subtracter 52. The
other signal is further branched into two signals which
are input to the FIR filters 55-1 and 55-2. Similarly, the
stereo signal SR(n), input through the stereo signal
input terminal 51-2, is branched into two signals, one of
which is input to the subtracter 52. The other signal is
further branched into two signals which are input to the
FIR filters 55-3 and 55-4. The signals which flow from
the stereo signal input terminals 51-1 and 51-2 to the
FIR filters 55-1 - 55-4 are referred to as signals in a first
system.
[0112] The FIR filters 55-1 - 55-4 perform the filter-
ing process to the input signals with their filter coeffi-
cients H1(n) - H4(n). The processed results from the
FIR filters 55-1 and 55-3 are output to the adder 56-1,
and the processed results from the FIR filters 55-2 and
55-4 are output to the adder 56-2.
[0113] Herein, the filter coefficients H1(n) and H2(n)

are set so that the sound image of the signal SL(n) is
localized at an expanded position to the left from the
position of the L-ch reproducing loudspeaker 57-1 with
respect to the first listener 58-1 who stays at the center
front position, when the L-ch signal SL(n) is input
through the stereo signal input terminal 51-1 and repro-
duced from the reproducing loudspeakers 57-1 and 57-
2. Also, the filter coefficients H3(n) and H4(n) are set so
that the sound image of the signal SR(n) is localized at
an expanded position to the right from the position of the
R-ch reproducing loudspeaker 57-2 with respect to the
first listener 58-1, when the R-ch signal SR(n) is input
through the stereo signal input terminal 51-2 and repro-
duced from the reproducing loudspeakers 57-1 and 57-
2. The method for localizing the sound image of the sig-
nal SL(n) on the left side of the listener by using the FIR
filters 55-1 and 55-2 (H1(n) and H2(n)), and the method
for localizing the sound image of the signal SR(n) on the
right side of the listener by using the FIR filters 55-3 and
55-4 (H3(n) and H4(n)) are the same as those used in
the conventional technique.

[0114] In this way, the sound image control is per-
formed by using the first-system signals, and the sound
images are localized at the expanded positions from the
respective reproducing loudspeakers, so that the first
listener 58-1 at the center front position can feel greater
expansion as compared with the conventional stereo
reproduction.
[0115] On the other hand, the stereo signals SL(n)
and SR(n), which are input through the stereo signal
input terminals 51-1 and 51-2 and applied to the sub-
tracter 52, are processed by subtraction in the sub-
tracter 52. The subtracter 52 outputs the difference
signal . The difference signal
D(n) is a signal including reverberation components of
the input stereo signals (sometimes referred to as a sur-
round signal), and is used for providing the listener with
presence and sound expansion. The output difference
signal D(n) is branched into four signals (S401 - S404).
[0116] Among the four branched signals of the dif-
ference signal D(n), the signal S401 is input into the
delay element 53-1 where it is delayed by τ1. The
delayed signal S401 is applied to the multiplier 54-1.
The multiplier 54-1 multiplies the signal S401 by the
coefficient g1 so as to adjust the gain. The resulting sig-
nal S411 is output to the adder 56-1. Similarly, the sig-
nal S404 is input into the delay element 53-5 where it is
delayed by τ2, and then input into the delay element 53-
6 where it is delayed by τ1. The delayed signal S404 is
applied to the multiplier 54-4. The multiplier 54-4 multi-
plies the delayed signal S404 by a coefficient g4 so as
to adjust the gain. The resulting signal S414 is output to
the adder 56-2.
[0117] Herein, the delay time τ1 which is common
to the two signals (referred to as signals in a second
system) is a delay time to delay the second-system sig-
nals with respect to the first-system signals which are
processed by the FIR filters 55-1 - 55-4. That is, the sec-

D(n) (= SL(n) - SR(n))
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ond-system signals are reproduced with a time differ-
ence from the first-system signals (i.e., delayed by τ1).
The delay time τ1 can be set to be, for example, about
20 msec.

[0118] The delay time τ2 is set such that, when the
second-system signals S411 and S414 are reproduced
from the reproducing loudspeakers 57-1 and 57-2, the
reproduced signals simultaneously reach the third lis-
tener 58-3 who stays at the position shifted to the right
from the center. That is, τ2 is set so as to correct the
effects of the difference between distances from the
respective reproducing loudspeakers 57-1 and 57-2 to
the third listener 58-3 (the difference between the times
at which the signals reach the listener and the levels of
the signals). Preferably, the value of τ2 is usually set to
be 1 msec. or less.
[0119] For example, a time required for the signal
S411 reproduced from the loudspeaker 57-1 to reach
the third listener 58-3 is represented by t1, and a time
required for the signal S414 reproduced from the loud-
speaker 57-2 to reach the third listener 58-3 is repre-
sented by t2 (where t1 and t2 are assumed to be discrete
times). The signal S411 received by the third listener
58-3 is expressed as , and the sig-
nal S414 is expressed as ,
where α1 and β1 denote the attenuation of levels of
reached signals depending on the distance.
[0120] By setting the delay time τ2 by the delay ele-
ment 53-5 so as to satisfy the condition that

, and setting the gain g4 of the multiplier 54-
4 so as to satisfy the condition that ,
the third listener 58-3 can receive the two sounds repro-
duced from the loudspeakers 57-1 and 57-2 at the equal
levels. As a result, the presence and the expansion can
be effectively provided for the third listener 58-3 at the
position shifted to the right from the center.
[0121] Alternatively, the sign of the gain g4 may be
inverted from the sign of the gain g1, so that

. In such a case, the third listener
58-3 receives the difference signal D(n) from the
speaker 57-2 in anti-phase. Thus, greater effects can be
attained.
[0122] Accordingly, although the third listener 58-3
cannot feel the expansion as the result of the sound
image control for the first-system signals using the FIR
filters 55-1 - 55-4, the third listener 58-3 can feel spatial
expansion by reproducing the second-system differ-
ence signal D(n) including reverberation components of
the stereo signals.
[0123] On the other hand, among the branched sig-
nals of the difference signal D(n), the signal S403 is
input into the delay element 53-4 where it is delayed by
τ3. The delayed signal S403 is applied to the multiplier
54-3. The multiplier 54-3 multiplies the delayed signal
S403 by a coefficient g3, so as to adjust the gain. The
resulting signal S413 is output to the adder 56-2. Simi-
larly, the signal S402 is input into the delay element 53-
2 where it is delayed by τ4, and then input into the delay

element 53-3 where it is delayed by τ3. The delayed sig-
nal S402 is applied to the multiplier 54-2. The multiplier
54-2 multiplies the delayed signal S402 by a coefficient
g2, so as to adjust the gain. The resulting signal S412 is
output to the adder 56-1.

[0124] Herein, the delay time τ3, which is common
to the two signals (referred to as signals in a third sys-
tem), is a delay time to delay the third-system signals
with respect to the first-system signals which are proc-
essed by the FIR filters 55-1 - 55-4. That is, the third-
system signals are reproduced with a respective time
difference from the first-system and second-system sig-
nals (i.e., delayed by τ3 and τ3-τ1).
[0125] The delay time τ3 can be set to be, for exam-
ple, about 30 msec. The delay time τ4 is set such that,
when the third-system signals S412 and S413 are
reproduced from the reproducing loudspeakers 57-1
and 57-2, the reproduced signals simultaneously reach
the second listener 58-2 who stays at the position
shifted to the left from the center. That is, τ4 is set so as
to correct the effects of the difference between dis-
tances from the respective reproducing loudspeakers
57-1 and 57-2 to the second listener 58-2 (the differ-
ence between times at which the signals reach the lis-
tener and the levels of the signals). Preferably, the value
of τ4 is usually set to be 1 msec. or less.
[0126] For example, a time required for the signal
S412, reproduced from the loudspeaker 57-1 to reach
the second listener 58-2, is represented by t3, and a
time required for the signal S413, reproduced from the
loudspeaker 57-2 to reach the second listener 58-2, is
represented by t4 (where, t3 and t4 are assumed to be
discrete times). The signal S412 received by the second
listener 58-2 is expressed as ,
and the signal S413 is expressed as

, where α2 and β2 denote the
attenuation of levels of reached signals depending on
the distance.
[0127] By setting the delay time τ4 by the delay ele-
ment 53-2 so as to satisfy the condition that

, and setting the gain g2 of the multiplier 54-
2 so as to satisfy the condition that ,
the second listener 58-2 can receive the two sounds
reproduced from the loudspeakers 57-1 and 57-2 at the
equal levels. As a result, the presence and the expan-
sion can be effectively provided for the second listener
58-2 at the position shifted to the left from the center.
[0128] Alternatively, the sign of the gain g2 may be
inverted from the sign of the gain g3, so that

. In such a case, the second lis-
tener 58-2 receives the difference signal D(n) from the
speaker 57-1 in anti-phase. Thus, greater effects can be
attained.
[0129] Accordingly, although the second listener
58-2 cannot feel the expansion as the result of the
sound image control for the first-system signals using
the FIR filters 55-1 - 55-4, the second listener 58-2 can
feel spatial expansion by reproducing the third-system

α1gg1gD(n-τ1-t 1)
β1gg4gD(n-τ1-τ2-t 2)

τ2 = t 1 - t 2
g4 = (α1/β1) g g1

g4 = -(α1/β1) g g1

α2gg2gD(n-τ3-τ4-t 3)

β2gg3gD(n-τ3-t 4)

τ3 = t 4 - t 3
g2 = (β2/α2) g g3

g2 = -(β2/α2) g g3
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difference signal D(n) including reverberation compo-
nents of the stereo signals.

[0130] The respective signals are added by the
adders 56-1 and 56-2 in the following manner, and
reproduced from the loudspeakers 57-1 and 57-2. The
adder 56-1 adds the output signals S501 and S503 from
the FIR filters 55-1 and 55-3 and the output signals
S411 and S412 from the multipliers 54-1 and 54-2, so
as to output the added signal S601. The added signal
S601 is reproduced from the reproducing loudspeaker
57-1. Similarly, the adder 56-2 adds the output signals
S502 and S504 from the FIR filters 55-2 and 55-4, and
the output signals S413 and S414 from the multipliers
54-3 and 54-4, so as to output the added signal S602.
The added signal S602 is reproduced from the repro-
ducing loudspeaker 57-2.
[0131] By adjusting the ratio of addition in the
adders 56-1 and 56-2, it is possible to determine which
one of the listeners 58-1 - 58-3 can receive the sound in
the best condition. For example, if the signals S412 and
S413 are added at a larger ratio, the deterioration of the
optimal sound for the second listener 58-2 can be
reduced. The signals by which the second listener 58-2
can receive the sound in the best condition are the sig-
nals which are localized forwardly for the first and third
listeners 58-1 and 58-3. Similarly, the optimal signals for
the first listener 58-1 are the signals which are localized
forwardly for the second and third listeners 58-2 and 58-
3, and the optical signals for the third listener 58-3 are
the signals which are localized forwardly for the first and
second listeners 58-1 and 58-2.
[0132] As described above, according to this exam-
ple, even in the case where there are three listeners, all
of the listeners can feel expansion and presence. Spe-
cifically, the sound image control using the FIR filtering
process is adopted for the listener at the center position,
and the reproduction by delaying the difference signal
including reverberation components is adopted for the
listeners at the left and right positions, whereby offering
the expansion and presence to all of the listeners.
[0133] In general, the difference signals D(n) of the
stereo audio signals include, as large components,
reverberation sound and sounds which are not required
to be clearly localized at the center of the reproducing
loudspeakers. By causing such difference signals D(n)
to be received in anti-phase, the listeners can obtain a
vague expansion feeling without clearly localized posi-
tion of the sound image and a feeling surrounded by
reverberation sound. In general, if the listeners receive
only the sound in anti-phase, the listeners may have a
strange feeling due to the sound anti-phased too
strongly. However, according to the invention, the
respective listeners receive normal-phased sounds as
well as sounds in anti-phase, so that the listeners can
naturally feel expansion and presence.
[0134] In this example, the difference signal is
branched into four signals for the case where two listen-
ers stay at off-center positions. The present invention is

not limited to this specific case. Alternatively, the differ-
ence signal may be branched into five or more signals
for the case where two or more listeners stay at off-
center positions. In such a case, the delay and multipli-
cation processes may perform in the same way as those
described above.

[0135] In this example, two reproducing loudspeak-
ers are used. In another case where three or more
reproducing loudspeakers are used, a pair of loud-
speakers may be used for a listener so as to localize the
sound image at the expanded position from the loud-
speakers, and another pair of loudspeakers may be
used for another listener so as to output the difference
signal of the stereo audio signals in anti-phase.
[0136] In this example, the filter coefficients are
determined so as to localize the sound image at the
expanded position from the reproducing loudspeakers
with respect to the first listener. The present invention is
not limited to such determination. Alternatively, the filter
coefficients may be determined so as to localize the
sound image in front of or in the rear of the first listener.

Example 5

[0137] Next, a sound field and sound image control
apparatus, and a sound image control method accord-
ing to a fifth example of the invention will be described.
This example describes an apparatus which provides
expansion and presence for a plurality of listeners and
which can improve the clarity of speech when input sig-
nals include speech signals.
[0138] Figure 13 is a block diagram showing the
sound field and sound image control apparatus 700 in
the fifth example.
[0139] The apparatus 700 includes stereo signal
input terminals 51-1 and 51-2, a subtracter 52, delay
elements 53-1 - 53-6, multipliers 54-1 - 54-4, FIR filters
55-1 - 55-4, adders 56-1 and 56-2, and reproducing
loudspeakers 57-1 and 57-2. Through the stereo signal
input terminals 51-1 and 51-2, stereo signals SL(n) and
SR(n) are input. The subtracter 52 calculates a differ-
ence between the stereo signals SL(n) and SR(n), so as
to obtain a difference signal D(n). Each of the delay ele-
ments 53-1 - 53-6 receives a corresponding branched
difference signal D(n), and delays the signal by a prede-
termined time. The times delayed by the delay elements
53-1 - 53-6 are respectively predetermined. The multi-
pliers 54-1 - 54-4 perform the gain adjustment by multi-
plying the delayed difference signals D(n) by respective
predetermined coefficients (g1 - g4). The FIR filters 55-
1 - 55-4 perform the filtering process to the stereo sig-
nals SL(n) and SR(n) (the filter coefficients H1(n) -
H4(n)). The adders 56-1 and 56-2 add the outputs from
the FIR filters 55-1 - 55-4 and the outputs from the mul-
tipliers 54-1 - 54-4. The reproducing loudspeakers 57-1
and 57-2 reproduce the output signals from the adders
56-1 and 56-2.
[0140] The apparatus 700 further includes direct
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sound adders 61-1 and 61-2 for adding the stereo sig-
nals SL(n) and SR(n) input through the stereo signal
input terminals 51-1 and 51-2 to the output signal S601
of the adder 56-1 and the output signal S602 of the
adder 56-2, respectively.

[0141] As in the fourth example, a first listener 58-1
stays at a center position in front of the two reproducing
loudspeakers 57-1 and 57-2. A second listener 58-2
stays on the left side of the first listener 58-1. A third lis-
tener 58-3 stays on the right side of the first listener 58-
1.
[0142] In the apparatus 700 with the above con-
struction, the output signal S601 of the adder 56-1 and
the stereo signal SL(n) are added by the direct sound
adder 61-1 which is connected to the output of the
adder 56-1, and then reproduced from the reproducing
loudspeaker 57-1. Also, the output signal S602 of the
adder 56-2 and the stereo signal SR(n) are added by
the direct sound adder 61-2 which is connected to the
output of the adder 56-2, and then reproduced from the
reproducing loudspeaker 57-2.
[0143] The remaining operations are the same as
those described in the fourth example shown in Figure
12.
[0144] According to the apparatus 700 of this exam-
ple, the reproduction is performed by adding the direct
sound to the signals S601 and S602 which are proc-
essed for the sound image control and the presence
creation, whereby the clarity of speech can be improved
while the expansion and presence are maintained.
[0145] As described above, according to the sound
field and sound image control apparatus of the inven-
tion, the reproduction with expansion for the listener
positioned at the center is provided by localizing the
sound image at a position other than the positions of the
reproducing loudspeakers, and the reproduction with
expansion for the listeners at positions shifted from the
center is provided by outputting difference signals of the
stereo audio signals. Therefore, the listener's positions
are not limited in the center of the sound field and sound
image control apparatus, and the audio reproduction
with expansion can be performed in a wide service
area.
[0146] Various other modifications will be apparent
to and can be readily made by those skilled in the art
without departing from the scope of this invention.

Claims

1. An apparatus (200) which calculates filter coeffi-
cients (H1(n), H2(n)) for controlling sound field and
sound image, based on a plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n)) and a
pair of second impulse response signals (T1(n),
T2(n)), the plurality of first impulse response signals
(C1(n), C2(n), C3(n), C4(n)) indicating impulse
responses from loudspeakers (3, 4) reproducing
audio signals to both ears of a listener (6), the pair

of second impulse response signals (T1(n), T2(n))
indicating impulse responses from a reference
loudspeaker (5) at a position at which a sound
image is localized to both ears of the listener (6),
the apparatus (200) comprising:

a) coefficient calculation means (18) for calcu-
lating the filter coefficients (H1(n), H2(n)) for
controlling the sound field and sound image,
based on the plurality of first impulse response
signals (C1(n), C2(n), C3(n), C4(n))
characterized by:
b) means (13, 14) for receiving the pair of sec-
ond impulse response signals (T1(n), T2(n))
and for extracting parameters representing fea-
tures of the pair of second impulse response
signals (T1(n), T2(n)), and for outputting
parameter signals (S103, S104);
c) signal adjusting means (16, 17) for adjusting
at least one of the plurality of first impulse
response signals (C1(n) C4(n)) based on the
parameter signals (S103, S104), and for out-
putting a pair of third impulse response signals
(T'1(n),T'2(n)) having the same features as the
extracted features;
d) wherein the coefficient calculation means
(18) calculates the filter coefficients (H1(n),
H2(n)) for controlling the sound field and sound
image, further based on the pair of third
impulse response signals (T'1(n), T'2(n))
applied from the signal adjusting means (17)
and acting as reference characteristic for calcu-
lating said coefficients.

2. An apparatus according to claim 1, wherein the
means (13, 14) comprises:

level ratio detection means (13) for receiving
the pair of second impulse response signals
(T1(n), T2(n)), for detecting a level ratio α of the
pair of second impulse response signals
(T1(n), T2(n)), and for outputting a level ratio
detection signal (S103); and
time difference detection means (14) for receiv-
ing the pair of second impulse response sig-
nals (T1(n), T2(n)), for detecting a time
difference dt of the pair of second impulse
response signals (T1(n), T2(n)), and for output-
ting a time difference detection signal (S104).

3. An apparatus according to claim 2, wherein the
apparatus further comprises:

selecting means (15-1, 15-2) for selecting a
pair of first impulse response signals (S101,
S102) from among the plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n));
time difference adjusting means (16) for receiv-

29 30

5

10

15

20

25

30

35

40

45

50

55



EP 0 684 751 B1

17

ing the selected pair of first impulse response
signals (S101, S102) and the time difference
detection signal (S104), for adjusting the
selected pair of first impulse response signals
so that a relative time difference of the pair of
first impulse response signals is equal to the
time difference dt based on the time difference
detection signal (S104), and for outputting a
pair of adjusted impulse response signals
(S105, S106); and

level ratio adjusting means (17) for receiving
the pair of adjusted impulse response signals
(S105, S106) and the level ratio detection sig-
nal (S103), for adjusting a gain of the pair of the
adjusted impulse response signals (S105,
S106) so that the level ratio of the adjusted
impulse response signals (S105, S106) in the
pair is equal to the level ratio α based on the
level ratio detection signal (103), and for out-
putting the pair of gain-adjusted signals as the
pair of third impulse response signals (T'1(n),
T'2(n)).

4. An apparatus (300, 500) which calculates filter
coefficients (H1(n), H2(n)) for controlling sound
field and sound image, based on a plurality of first
impulse response signals (C1(n), C2(n), C3(n),
C4(n)) and a pair of second impulse response sig-
nals (T1(n), T2(n)), the plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n)) indi-
cating impulse responses from loudspeakers (3, 4)
reproducing audio signals to both ears of a listener
(6), the pair of second impulse response signals
(T1(n), T2(n)) indicating impulse responses from a
reference loudspeaker (5) at a position at which a
sound image is localized to both ears of the listener
(6), the apparatus (300, 500) comprising:

a) coefficient calculation means (18) for calcu-
lating the filter coefficients (H1(n), H2(n)) for
controlling the sound field and sound image,
based on the plurality of first impulse response
signals (C1(n), C2(n), C3(n), C4(n))
characterized by:
b) means (13, 14; 41) for receiving the pair of
second impulse response signals (T1(n),
T2(n)) and for extracting parameters represent-
ing features of the pair of second impulse
response signals (T1(n), T2(n)), and for output-
ting parameter signals (S103, S104; S301);
c) selecting means (31) for selecting one of the
first impulse response signals (S201; T'1(n))
from among the plurality of first impulse
response signals (C1(n) - C4(n));
d) signal adjusting means (32, 33; 42) for
adjusting the selected first impulse response
signal (S201, T'1(n)) based on the parameter
signals (S103, S104; S301), and for outputting

an adjusted impulse response signal (T'2(n)),
wherein the selected one (T'1 (n)) of the first
impulse response signals and the adjusted one
(T'2(n)) of the first impulse response signals
constitute a pair of third impulse response sig-
nals (T'1(n), T'2(n)) and have the same fea-
tures as the extracted features;

e) wherein the coefficient calculation means
(18) calculates the filter
coefficients (H1(n), H2(n)) for controlling the
sound field and sound image, further based on
the pair of third impulse response signals
(T'1(n),T'2(n)) acting as a reference character-
istic for calculating said coefficients.

5. An apparatus according to claim 4, wherein the
means (13, 14) comprises:

level ratio detection means (13) for receiving
the pair of second impulse response signals
(T1(n), T2(n)), for detecting a level ratio a of the
pair of second impulse response signals
(T1(n), T2(n)), and for outputting a level ratio
detection signal (S103); and
time difference detection means (14) for receiv-
ing the pair of second impulse response sig-
nals (T1(n), T2(n)), for detecting a time
difference dt of the pair of second impulse
response signals (T1(n), T2(n)), and for output-
ting a time difference detection signal (S104).

6. An apparatus according to claim 5, wherein the
apparatus comprises:

selecting means (31) for selecting one first
impulse response signal (S201; T'1(n)) from
among the plurality of first impulse response
signals (C1(n), C2(n), C3(n), C4(n));
time difference adjusting means (32) for receiv-
ing the selected first impulse response signal
(S201) and the time difference detection signal
(S104), for delaying the selected first impulse
response signal (S201) by the time difference
dt based on the time difference detection signal
(S104), and for outputting a delayed impulse
response signal (S205); and
level ratio adjusting means (208) for receiving
the delayed impulse response signal (S205)
and the level ratio detection signal (S103), for
adjusting a gain of the delayed impulse
response signal (S205) by multiplication of the
delayed impulse response signal (S205) by the
level ratio α based on the level ratio detection
signal (S103), and for outputting an adjusted
impulse response signal (T'2(n)), and
wherein the pair of third impulse response sig-
nals are constituted of the selected first
impulse response signal (S201, T'1(n)) and the
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adjusted impulse response signal (T'2(n)).

7. An apparatus according to claim 4, wherein the
means is a transfer characteristic detection means
(41) for receiving the pair of second impulse
response signals (T1(n), T2(n)), for detecting trans-
fer characteristics of the pair of second impulse
response signals (T1(n), T2(n)), for calculating a
transfer characteristic ratio, and for outputting a
characteristic ratio signal (S301).

8. An apparatus according to claim 7, wherein the sig-
nal adjusting means comprises:

selecting means (31) for selecting one first
impulse response signal (S201) from among
the plurality of first impulse response signals
(C1(n), C2(n), C3(n), C4(n)); and
transfer characteristic adjusting means (42) for
receiving the selected first impulse response
signal (S201) and the characteristic ratio signal
(S301), for adjusting a transfer characteristic of
the selected first impulse response signal
(S201) based on the characteristic ratio, and
for outputting an adjusted impulse response
signal (T'2(n)), and
wherein the pair of third impulse response sig-
nals (T'1(n), T'2(n)) are constituted of the
selected first impulse response signal (S201)
and the adjusted impulse response signal
(T'2(n)).

9. An apparatus according to claim 8, wherein

the transfer characteristic detection means (41)
comprises: first transform means (41-3, 41-4)
for transforming the received pair of second
impulse response signals (T1(n), T2(n)) into a
pair of first characteristic signals represented in
frequency domain; and first calculation means
(41-5) for calculating a transfer characteristic
ratio of the pair of second impulse response
signals based on the first characteristic signals,
and
the transfer characteristic adjusting means (42)
comprises: second transform means (42-3) for
transforming the selected first impulse
response signal (S201) into a second charac-
teristic signal represented in frequency
domain; second calculation means (42-4) for
multiplying the second characteristic signal by
the transfer characteristic ratio indicated by the
characteristic ratio signal; and inverse trans-
form means (42-5) for transforming the multi-
plied signal into a signal represented in time
domain.

10. An apparatus according to claim 9, wherein the first

and second transform means (41-3, 41-4, 42-3) are
Fourier transform means, and the inverse transform
means (42-5) is inverse Fourier transform means.

11. An apparatus according to one of the preceding
claims, wherein the coefficient calculation means
(18) sets the filter coefficients (H1(n), H2(n)) so that
the pair of third impulse response signals
(T'1(n),T'2(n)) are substantially equal to a pair of
fourth impulse response signals (S130, S140), the
pair of fourth impulse response signals (S130,
S140) indicating a pair of impulse responses at
both ears of the listener (6) when impulse signals
are reproduced from the reproducing loudspeakers
(3, 4).

12. An apparatus according to one of the preceding
claims, further comprising:

response characteristic calculation means (21,
22-1, 22-2, 23-1, 23-2, 23-3, 23-4, 24-1, 24-2)
for calculating a pair of impulse responses at
both ears of the listener (6) when the impulse
signals are reproduced from the reproducing
loudspeakers (3, 4), based on the first impulse
response signals (C1(n), C2(n), C3(n), C4(n))
and the filter coefficients (H1(n), H2(n)), and for
outputting the pair of fourth impulse response
signals (S130, S140);
comparison means (25-1, 25-2) for comparing
the pair of fourth impulse response signals
(S130, S140) with the pair of third impulse
response signals (T'1(n), T'2(n)), and for out-
putting a correlation signal (131, 141); and
control means (26) for outputting a control sig-
nal (S150) which controls the coefficient calcu-
lation means (18), based on the correlation
signal (131, 141),
wherein, in accordance with the control signal
(S150), the coefficient calculation means (18)
selectively performs one of two operations, in
one operation signals indicative of the calcu-
lated filter coefficients are output, and in the
other operation the filter coefficients are again
calculated using signals which are obtained by
delaying the pair of third impulse response sig-
nals by a predetermined time.

13. A method for calculating filter coefficients (H1(n),
H2(n)) for controlling sound field and sound image,
based on a plurality of first impulse response sig-
nals (C1(n), C2(n), C3(n), C4(n)) and a pair of sec-
ond impulse response signals (T1(n), T2(n)), the
plurality of first impulse response signals (C1(n),
C2(n), C3(n), C4(n)) indicating impulse responses
from loudspeakers (3, 4) reproducing audio signals
to both ears of a listener (6), the pair of second
impulse response signals (T1(n), T2(n)), indicating
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impulse responses from a reference loudspeaker
(5) at a position at which a sound image is localized
to both ears of the listener (6), the method compris-
ing the steps of:

a) receiving the pair of second impulse
response signals (T1(n), T2(n)) and extracting
parameters (S103, S104; S301) representing
features of the pair of second impulse
response signals (T1(n), T2(n));
b) adjusting at least one of the plurality of first
impulse response signals (C1(n), C2(n), C3(n),
C4(n)) based on the parameter signals, and
producing a pair of third impulse response sig-
nals (T'1(n), T'2(n)) having the same features
as the extracted features; and
c) calculating the filter coefficients (H1(n),
H2(n)) for controlling the sound field and sound
image, based on the plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n))
and the produced pair of third impulse
response signals (T'1(n), T'2(n)) acting as a
reference characteristic for calculating said
coefficients.

14. A method according to claim 13, wherein in the step
(c), the filter coefficients are set so that the pair of
third impulse response signals (T'1(n), T'2(n)) are
substantially equal to a pair of fourth impulse
response signals (S130, S140), the pair of fourth
impulse response signals (S130, S140) indicating a
pair of impulse responses at both ears of the lis-
tener (6) when impulse signals are reproduced from
the reproducing loudspeakers (3, 4).

15. A method according to claim 14, further comprising
the steps of:

d) calculating a pair of impulse responses at
both ears of the listener (6) when the impulse
signals are reproduced from the reproducing
loudspeakers (3, 4), based on the first impulse
response signals (C1(n), C2(n), C3(n), C4(n))
and the filter coefficients (H1(n), H2(n)), and
producing the pair of fourth impulse response
signals (S130, S140);
e) comparing the pair of fourth impulse
response signals (S130, S140) with the pair of
third impulse response signals (T'1(n), T'2(n)),
and producing a correlation signal (131, 141);
and
f) producing a control signal (150) which con-
trols the coefficient calculation, based on the
correlation signal (131, 141),
wherein, in the step (c), in accordance with the
control signal (S150), one of step (c1) of pro-
ducing signals indicative of outputting the cal-
culated filter coefficients (H1(n), H2(n)) and

step (c2) of calculating again the filter coeffi-
cients (H1(n), H2(n)) using signals which are
obtained by delaying the pair of third impulse
response signals (T'1(n), T'2(n)) by a predeter-
mined time.

16. A method according to one of claims 13 to 15,
wherein step (a) comprises the steps of:

(a1) detecting a level ratio α of the pair of sec-
ond impulse response signals (T1(n), T2(n)),
and producing a level ratio detection signal
(S103); and
(a2) detecting a time difference dt of the pair of
second impulse response signals (T1(n),
T2(n)), and producing a time difference detec-
tion signal (S104).

17. A method according to claim 16, wherein step (b)
comprises the steps of:

(b1) selecting one pair of first impulse response
signals (S201) from among the plurality of first
impulse response signals (C1(n), C2(n), C3(n),
C4(n));
(b2) adjusting the pair of first impulse response
signals so that a relative time difference of the
pair of first impulse response signals is equal to
the time difference dt based on the time differ-
ence detection signal (S104), and producing a
pair of adjusted impulse response signals
(T'2(n)); and
(b3) adjusting a gain of the pair of the adjusted
impulse signals (T'2(n)) so that the level ratio of
the adjusted impulse response signals in the
pair is equal to the level ratio a based on the
level ratio detection signal (S103), and produc-
ing the pair of gain-adjusted signals as the pair
of third impulse response signals (T'1(n),
T'2(n)).

18. A method according to claim 16, wherein step (b)
comprises the steps of:

(b4) selecting one first impulse response signal
(S201) from among the plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n));
(b5) delaying the selected first impulse
response signal (S201) by the time difference
dt based on the time difference detection signal
(S104), and producing a delayed impulse
response signal (S205); and
(b6) adjusting a gain of the delayed impulse
response signal (S205) by multiplying the
delayed impulse response signal (S205) by the
level ratio α based on the level ratio detection
signal (S103), and producing an adjusted
impulse response signal (T'2(n)), and
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wherein the pair of third impulse response sig-
nals (T'1(n), T'2(n)) are constituted of the
selected first impulse response signal (S201)
and the adjusted impulse response signal (T'2
(n)).

19. A method according to one of claims 13 to 18,
wherein step (a) comprises the steps of (a3) detect-
ing transfer characteristics of the pair of second
impulse response signals (T1(n), T2(n)), and (a4)
calculating a transfer characteristic ratio, and pro-
ducing a characteristic ratio signal (S301).

20. A method according to claim 19, wherein step (b)
comprises the steps of:

(b7) selecting one first impulse response signal
(S201) from among the plurality of first impulse
response signals (C1(n), C2(n), C3(n), C4(n));
and
(b8) adjusting a transfer characteristic of the
selected first impulse response signal (S201)
based on the characteristic ratio, and produc-
ing an adjusted impulse response signal
(T'2(n)), and
wherein the pair of third impulse response sig-
nals (T'1(n), T'2(n)) are constituted of the
selected first impulse response signal (S201)
and the adjusted impulse response signal
(T'2(n)).

21. A method according to claim 20, wherein step (a3)
comprises: a first transform step of transforming the
received pair of second impulse response signals
(T1(n), T2(n)) into a pair of first characteristic sig-
nals represented in frequency domain; and a first
calculation step of calculating a transfer character-
istic ratio of the pair of second impulse response
signals (T1(n), T2(n)) based on the first characteris-
tic signals, and

step (b8) comprises: a second transform step
of transforming the selected first impulse
response signal (S201) into a second charac-
teristic signal represented in frequency
domain; a second calculation step of multiply-
ing the second characteristic signal by the
transfer characteristic ratio indicated by the
characteristic ratio signal (S301); and an
inverse transform step of transforming the mul-
tiplied signal into a signal represented in time
domain.

22. A method according to claim 21, wherein in the first
and second transform steps, Fourier transforms are
performed, and in the inverse transform step, an
inverse Fourier transform is performed.

Patentansprüche

1. Vorrichtung (200), welche Filterkoeffizienten
(H1(n), H2(n)) zur Steuerung bzw. Regelung eines
Ton- bzw. Schall-Feldes und eines Ton- bzw.
Schallbildes berechnet, basierend auf einer Mehr-
zahl von ersten Impulsantwort-Signalen (C1(n),
C2(n), C3(n), C4(n)) und einem Paar von zweiten
Impulsantwort-Signalen (T1(n), T2(n)), wobei die
Mehrzahl der ersten Impulsantwortsignale (C1(n),
C2(n), C3(n), C4(n)) Impulsantworten von Laut-
sprechern (3, 4) kennzeichnen bzw. angeben, wel-
che Audio-Signale für beide Ohren eines Hörers (6)
reproduzieren bzw. wiedergeben, wobei das Paar
der zweiten Impulsantwortsignale (T1(n), T2(n))
Impulsantworten von einem Referenz-Lautspre-
cher (5) bei einer Position angeben bzw. kennzeich-
nen, bei welcher ein Ton- bzw. Schallbild für beide
Ohren des Hörers (6) lokalisiert wird, wobei die Vor-
richtung (200) aufweist:

a) eine Koeffizientenberechnungsvorrichtung
(18) zum Berechnen der Filterkoeffizienten
(H1(n), H2(n)) zum Regeln bzw. Steuern des
Tonfeldes und Tonbildes, basierend auf der
Mehrzahl der ersten Impulsantwortsignale
(C1(n), C2(n), C3(n), C4(n));
gekennzeichnet durch:
b) eine Vorrichtung (13, 14) zum Empfangen
bzw. Aufnehmen des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)) und zum
Extrahieren bzw. Herausnehmen von Parame-
tern, welche Merkmale des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)) darstellen,
und zum Ausgeben von Parameter-Signalen
(S103, S104);
c) eine Signal-Einstellvorrichtung (16, 17) zum
Einstellen von mindestens einem der Mehrzahl
der ersten Impulsantwortsignale (C1(n),
C4(n)), basierend auf den Parameter-Signalen
(S103, S104), und zum Ausgeben eines Paars
von dritten Impulsantwortsignalen (T'1(n),
T'2(n)) mit den gleichen Merkmalen bzw.
Eigenschaften wie die extrahierten bzw. her-
ausgenommenen Merkmale;
d) wobei die Koeffizientenberechnungsvor-
richtung (18) die Filterkoeffizienten (H1(n),
H2(n)) zum Steuern bzw. Regeln des Tonfeldes
und Tonbildes berechnet, weiter basierend auf
dem Paar der dritten Impulsantwortsignale
(T'1(n), T'2(n)), welche von der Signaleinstell-
vorrichtung (17) angelegt werden und als eine
Referenz-Kennlinie bzw. Referenz-Eigenschaft
zur Berechnung der Koeffizienten dienen bzw.
wirken.

2. Vorrichtung nach Anspruch 1, wobei die Vorrich-
tung (13, 14) aufweist:
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eine Pegelverhältnis-Detektier- bzw. -Erken-
nungs-Vorrichtung (13) zum Aufnehmen bzw.
Empfangen des Paars der zweiten Impulsant-
wortsignale (T1(n), T2(n)), zum Detektieren
eines Pegelverhältnis α des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)), und zum
Ausgeben eines Pegelverhältnis-Detektier-
bzw. -Bestimmungs-Signals (S103); und

eine Zeitdifferenz-Detektiervorrichtung (14)
zum Empfangen bzw. Aufnehmen des Paars
der zweiten Impulsantwortsignale (T1(n),
T2(n)), zum Detektieren der Zeitdifferenz dt
des Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)), und zum Ausgeben eines Zeit-
differenz-Detektiersignals (S104).

3. Vorrichtung nach Anspruch 2, wobei die Vorrich-
tung weiter aufweist:

eine Auswählvorrichtung (15-1, 15-2) zum Aus-
wählen eines Paars der ersten Impulsantwort-
signale (S101, S102) aus der Mehrzahl der
ersten Impulsantwortsignale (C1(n), C2(n),
C3(n), C4(n));
eine Zeitdifferenz-Einstellvorrichtung (16) zum
Aufnehmen bzw. Empfangen des ausgewähl-
ten Paars der ersten Impulsantwortsignale
(S101, S102) und des Zeitdifferenz-Detektier-
signals (S104), zum Einstellen bzw. Abglei-
chen des ausgewählten Paars der ersten
Impulsantwortsignale, so dass die relative Zeit-
differenz des Paars der ersten Impulsantwort-
signale gleich der Zeitdifferenz dt ist, basierend
auf dem Zeitdifferenz-Detektiersignal (S104),
und zum Ausgeben eines Paars von eingestell-
ten bzw. abgeglichenen Impulsantwortsignalen
(S105, S106); und
eine Pegelverhältnis-Einstellvorrichtung (17)
zum Empfangen bzw. Aufnehmen des Paars
der eingestellten bzw. abgeglichenen Impuls-
antwortsignale (S105, S106) und des Pegel-
verhältnis-Detektiersignals (S103), zum
Einstellen einer Verstärkung des Paars der ein-
gestellten Impulsantwortsignale (S105, S106),
so dass das Pegelverhältnis der eingestellten
Impulsantwortsignale (S105, S106) in dem
Paar gleich dem Pegelverhältnis α ist, basie-
rend auf dem Pegelverhältnis-Detektiersignal
(103), und zum Ausgeben des Paars der Ver-
stärkungs-eingestellten bzw. -abgeglichenen
Signale als das Paar der dritten Impulsantwort-
signale (T'1(n), T'2(n)).

4. Vorrichtung (300, 500), welche Filterkoeffizienten
(H1(n), H2(n)) berechnet zum Steuern bzw. Regeln
eines Ton- bzw. Schall-Feldes und Ton- bzw.
Schallbildes, basierend auf einer Mehrzahl von
ersten Impulsantwortsignalen (C1(n), C2(n), C3(n),

C4(n)) und einem Paar von zweiten Impulsantwort-
signalen (T1(n), T2(n)), wobei die Mehrzahl der
ersten Impulsantwortsignale (C1(n), C2(n), C3(n),
C4(n)) Impulsantworten von Lautsprechern (3, 4)
angeben bzw. bestimmen, welche Audio-Signale
für bzw. an beide Ohren eines Hörers (6) reprodu-
zieren bzw. wiedergeben, wobei das Paar der zwei-
ten Impulsantwortsignale (T1(n), T2(n))
Impulsantworten von einem Referenzlautsprecher
(5) bei einer Position anzeigt bzw. bestimmt, bei
welcher ein Tonbild für bzw. an beiden Ohren des
Hörers (6) lokalisiert wird, wobei die Vorrichtung
(300, 500) aufweist:

a) eine Koeffizientenberechnungsvorrichtung
(18) zum Berechnen der Filterkoeffizienten
(H1(n), H2(n)) zum Regeln bzw. Steuern des
Tonfeldes und Tonbildes, basierend auf der
Mehrzahl der ersten Impulsantwortsignale
(C1(n), C2(n), C3(n), C4(n));
gekennzeichnet durch:
b) eine Vorrichtung (13, 14; 41) zum Empfan-
gen bzw. Aufnehmen des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)) und zum
Extrahieren bzw. Herausnehmen von Parame-
tern, welche Merkmale bzw. Eigenschaften des
Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)) darstellen, und zum Ausgeben
von Parameter-Signalen (S103, S104, S301);
c) eine Auswahlvorrichtung (31) zum Auswäh-
len von einem der ersten Impulsantwortsignale
(S201; T'1(n)) unter bzw. aus der Mehrzahl der
ersten Impulsantwortsignale (C1(n) bis C4(n));
d) eine Signal-Einstellvorrichtung (32, 33; 42)
zum Einstellen des ausgewählten ersten
Impulsantwortsignals (S201, T'1(n)), basierend
auf den Parametersignalen (S103, S104;
S301), und zum Ausgeben eines eingestellten
bzw. abgeglichen Impulsantwortsignals
(T'2(n)), wobei das eine ausgewählte (T'1(n))
der ersten Impulsantwortsignale und das eine
eingestellte bzw. abgeglichene (T'2(n)) der
ersten Impulsantwortsignale ein Paar von drit-
ten Impulsantwortsignalen (T'1(n), T'2(n)) bil-
det und die gleichen Merkmale wie die
extrahierten bzw. herausgenommenen Merk-
male aufweist;
e) wobei die Koeffizientenberechnungsvor-
richtung (18) die Filterkoeffizienten (H1(n),
H2(n)) zur Steuerung bzw. Regelung des Ton-
feldes und Tonbildes berechnet, weiter basie-
rend auf dem Paar der dritten
Impulsantwortsignale (T'1(n), T'2(n)), welche
als Referenzkennlinie bzw. Referenzmerkmal
zur Berechnung der Koeffizienten dienen.

5. Vorrichtung nach Anspruch 4, wobei die Vorrich-
tung (13, 14) aufweist:
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eine Pegelverhältnis-Detektier- bzw. -Erken-
nungs-Vorrichtung (13) zum Aufnehmen bzw.
Empfangen des Paars der zweiten Impulsant-
wortsignale (T1(n), T2(n)), zum Detektieren
eines Pegelverhältnis α des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)), und zum
Ausgeben eines Pegelverhältnis-Detektier-
bzw. -Bestimmungs-Signals (S103); und eine
Zeitdifferenz-Detektiervorrichtung (14) zum
Empfangen bzw. Aufnehmen des Paars der
zweiten Impulsantwortsignale (T1(n), T2(n)),
zum Detektieren einer Zeitdifferenz dt des
Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)), und zum Ausgeben eines Zeit-
differenz-Detektiersignals (S104).

6. Vorrichtung nach Anspruch 5, wobei die Vorrich-
tung aufweist:

eine Auswählvorrichtung (31) zum Auswählen
eines ersten Impulsantwortsignals (S201;
T'1(n)) aus der Mehrzahl der ersten Impulsant-
wortsignale (C1(n), C2(n), C3(n), C4(n));
eine Zeitdifferenz-Einstellvorrichtung (32) zum
Empfangen bzw. Aufnehmen des ausgewähl-
ten ersten Impulsantwortsignals (S201) und
des Zeitdifferenz-Detektiersignals (S104) zum
Verzögern des ausgewählten ersten Impuls-
antwortsignals (S201) um die Zeitdifferenz dt,
basierend auf dem Zeitdifferenz-Detektiersi-
gnal (S104), und zum Ausgeben eines verzö-
gerten Impulsantwortsignals (S205); und
eine Pegelverhältnis-Einstellvorrichtung (208)
zum Empfangen des verzögerten Impulsant-
wortsignals (S205) und des Pegelverhältnis-
Detektiersignals (S103), zum Einstellen einer
Verstärkung des verzögerten Impulsantwortsi-
gnals (S205) durch Multiplikation des verzöger-
ten Impulsantwortsignals (S205) mit dem
Pegelverhältnis α basierend auf dem Pegelver-
hältnis-Detektiersignal (S103), und zum Aus-
geben eines eingestellten bzw. abgeglichenen
Impulsantwortsignals (T'2(n)), und
wobei das Paar der dritten Impulsantwortsi-
gnale aus dem ausgewählten ersten Impuls-
antwortsignal (S201, T'1(n)) und dem
eingestellten Impulsantwortsignal (T'2(n))
besteht.

7. Vorrichtung nach Anspruch 4, wobei die Vorrich-
tung (13, 14; 41) eine Transfer- bzw. Übertragungs-
kennlinien-Detektiervorrichtung (41) zum
Empfangen bzw. Aufnehmen des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)) ist, zum Detek-
tieren von Übertragungskennlinien des Paars der
zweiten Impulsantwortsignale (T1(n), T2(n)), zum
Berechnen eines Übertragungskennlinien-Verhält-
nis, und zum Ausgeben eines Kennlinien-Verhält-

nis-Signals (S301).

8. Vorrichtung nach Anspruch 7, wobei die Signaleins-
tellvorrichtung aufweist:

eine Auswahlvorrichtung (31) zum Auswählen
eines ersten Impulsantwortsignals (S201) aus
der Mehrzahl der ersten Impulsantwortsignale
(C1(n), C2(n), C3(n), C4(n)); und
eine Übertragungskennlinien-Einstellvorrich-
tung (42) zum Empfangen bzw. Aufnehmen
des ausgewählten ersten Impulsantwortsignals
(S201) und des Kennlinien-Verhältnis-Signals
(S301), zum Einstellen einer Übertragungs-
kennlinie des ausgewählten ersten Impulsant-
wortsignals (S201), basierend auf dem
Kennlinienverhältnis, und zum Ausgeben eines
eingestellten Impulsantwortsignals (T'2(n)),
und
wobei das Paar der dritten Impulsantwortsi-
gnale (T'1(n), T'2(n)) aus dem ausgewählten
ersten Impulsantwortsignal (S201) und dem
eingestellten Impulsantwortsignal (T'2(n))
gebildet wird.

9. Vorrichtung nach Anspruch 8, wobei

die Übertragungskennlinien-Detektiervorrich-
tung (41) aufweist: eine erste Transformations-
bzw. Umwandlungsvorrichtung (41-3, 41-4)
zum Transformieren des empfangenen Paars
der zweiten Impulsantwortsignale (T1(n),
T2(n)) in ein Paar von ersten charakteristi-
schen bzw. Kennliniensignalen, welche im Fre-
quenzbereich dargestellt werden; und eine
erste Berechnungsvorrichtung (41-5) zum
Berechnen eines Übertragungs-Kennlinien-
Verhältnis des Paars der zweiten Impulsant-
wortsignale, basierend auf den ersten Kennlini-
ensignalen, und
die Übertragungskennlinien-Einstellvorrichtung
(42) weist auf: eine zweite Transformations-
bzw. Umwandlungs-Vorrichtung (42-3) zum
Transformieren des ausgewählten ersten
Impulsantwortsignals (S201) in ein zweites
Kennliniensignal, welches im Frequenzbereich
dargestellt wird; eine zweite Berechnungsvor-
richtung (42-4) zum Multiplizieren des zweiten
Kennliniensignals mit dem Übertragungskenn-
linienverhältnis, welches durch das Kennlinien-
verhältnis-Signal dargestellt bzw. angegeben
wird; und eine inverse Transformations-Vorrich-
tung (42-5) zum Transformieren bzw. Umwan-
deln des multiplizierten Signals in ein Signal,
welches im Zeitbereich dargestellt wird.

10. Vorrichtung nach Anspruch 9, wobei die erste und
zweite Transformations-Vorrichtung (41-3, 41-4, 42-
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3) Fourier-Transformations-Vorrichtungen sind, und
die inverse Transformations-Vorrichtung (42-5) ist
eine inverse Fourier-Transformations-Vorrichtung.

11. Vorrichtung nach einem der vorhergehenden
Ansprüche, wobei die Koeffizientenberechnungs-
vorrichtung (18) die Filterkoeffizienten (H1(n),
H2(n)) so festlegt bzw. bestimmt, dass das Paar der
dritten Impulsantwortsignale (T'1(n), T'2(n)) im
wesentlichen gleich einem Paar von vierten Impuls-
antwortsignalen (S130, S140) ist, wobei das Paar
der vierten Impulsantwortsignale (S130, S140) ein
Paar von Impulsantworten bei beiden Ohren des
Hörers (6) angibt bzw. festlegt, wein Impulssignale
von den Wiedergabelautsprechern (3, 4) wiederge-
geben werden.

12. Vorrichtung nach einem der vorhergehenden
Ansprüche, weiter aufweisend:

eine Ansprech- bzw. Antwort-Kennlinien-
Berechnungs-Vorrichtung (21, 22-1, 22-2, 23-
1, 23-2, 23-3, 23-4, 24-1, 24-2) zum Berechnen
eines Paars von Impulsantworten bei beiden
Ohren des Hörers (6), wenn die Impulssignale
von den Wiedergabelautsprechern (3, 4) wie-
dergegeben werden, basierend auf den ersten
Impulsantwortsignalen (C1(n), C2(n), C3(n),
C4(n)) und den Filterkoeffzienten (H1(n),
H2(n)), und zum Ausgeben des Paars der vier-
ten Impulsantwortsignale (S130, S140);
eine Vergleichsvorrichtung (25-1, 25-2) zum
Vergleichen des Paars der vierten Impulsant-
wortsignale (S130, S140) mit dem Paar der
dritten Impulsantwortsignale (T'1(n), T'2(n)),
und zum Ausgeben eines Korrelationssignals
(131, 141); und
eine Regel- bzw. Steuervorrichtung (26) zum
Ausgeben eines Regel- bzw. Steuersignals
(S150), welches die Koeffizientenberech-
nungsvorrichtung (18) regelt bzw. steuert,
basierend auf dem Korrelationssignal (131,
141),
wobei in Abhängigkeit vom bzw. Übereinstim-
mung mit dem Regel- bzw. Steuersignal (S150)
die Koeffizientenberechnungsvorrichtung (18)
selektiv eine von zwei Arbeitsweisen bzw. Ope-
rationen durchführt, wobei bei einer Arbeits-
weise Signale, welche die berechneten
Filterkoeffizienten angeben bzw. bestimmen,
ausgegeben werden, und wobei bei der ande-
ren Arbeitsweise die Filterkoeffizienten wieder
berechnet werden unter Verwendung von
Signalen, welche erhalten werden durch Ver-
zögern des Paars der dritten Impulsantwortsi-
gnale um eine vorgegebene Zeit.

13. Verfahren zum Berechnen von Filterkoeffizienten

(H1n), H2(n)) zum Regeln bzw. Steuern eines
Schall- bzw. Tonfeldes und Schall- bzw. Tonbildes,
basierend auf einer Mehrzahl von ersten Impulsant-
wortsignalen (C1(n), C2(n), C3(n), C4(n)) und
eines Paars von zweiten Impulsantwortsignalen
(T1(n), T2(n)), wobei die Mehrzahl der ersten
Impulsantwortsignale (C1(n), C2(n), C3(n), C4(n))
Impulsantworten von Lautsprechern (3, 4) angeben
bzw. festlegen, welche Audiosignale bei bzw. für
beide Ohren eines Hörers (6) wiedergeben, wobei
das Paar der zweiten Impulsantwortsignale (T1(n),
T2(n)) Impulsantworten von einem Referenzlaut-
sprecher (5) bei einer Position angeben bzw.
bestimmen, bei welcher ein Tonbild bei bzw. für
beide Ohren des Hörers (6) lokalisiert wird, wobei
das Verfahren die Schritte aufweist:

a) Empfangen bzw. Aufnehmen des Paars der
zweiten Impulsantwortsignale (T1(n), T2(n))
und Extrahieren bzw. Herausnehmen von
Parametern (S103, S104; S301), welche Merk-
male des Paars der zweiten Impulsantwortsi-
gnale (T1(n), T2(n)) darstellen; b) Einstellen
von mindestens einem der Mehrzahl der ersten
Impulsantwortsignale (C1(n), C2(n), C3(n),
C4(n)), basierend auf den Parametersignalen,
und Erzeugen eines Paars von dritten Impuls-
antwortsignalen (T'1(n), T'2(n)) mit den glei-
chen Merkmalen wie die extrahierten bzw.
herausgenommenen Merkmale; und
c) Berechnen der Filterkoffzienten (H1(n),
H2(n)) zum Regeln bzw. Steuern des Tonfeldes
und Tonbildes, basierend auf der Mehrzahl der
ersten Impulsantwortsignale (C1(n), C2(n),
C3(n), C4(n)) und des erzeugten Paars der
dritten Impulsantwortsignale (T'1(n), T'2(n)),
welche als eine Referenzkennlinie bzw. -cha-
rakteristik zur Berechnung der Koeffizienten
dienen.

14. Verfahren nach Anspruch 13, wobei in dem Schritt
(c) die Filterkoeffzienten so eingestellt bzw. festge-
legt werden, dass das Paar der dritten Impulsant-
wortsignale (T'1(n), T'2(n)) im wesentlichen gleich
einem Paar von vierten Impulsantwortsignalen
(S130, S140) ist, wobei das Paar der vierten
Impulsantwortsignale (S130, S140) ein Paar von
Impulsantworten bei beiden Ohren des Hörers (6)
angibt bzw. bestimmt, wein die Impulssignale von
den Wiedergabelautsprechern (3, 4) wiedergege-
ben werden.

15. Verfahren nach Anspruch 14, weiter aufweisend die
Schritte:

d) Berechnen eines Paars von Impulsantwor-
ten bei beiden Ohren des Hörers (6), wenn die
Impulssignale von den Wiedergabelautspre-
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chern (3, 4) wiedergegeben werden, basierend
auf den ersten Impulsantwortsignalen (C1(n),
C2(n), C3(n), C4(n)) und den Filterkoeffizien-
ten (H1(n), H2(n)), und Erzeugen des Paars
der vierten Impulsantwortsignale (S130,
S140);

e) Vergleichen des Paars der vierten Impuls-
antwortsignale (S130, S140) mit dem Paar der
dritten Impulsantwortsignale (T'1(n), T'2(n)),
und Erzeugen eines Korrelationssignals (131,
141); und
f) Erzeugen eines Regel- bzw. Steuersignals
(150), welches die Koeffizientenberechnung
regelt bzw. steuert, basierend auf dem Korrela-
tionssignal (131, 141),
wobei in dem Schritt (c) in Abhängigkeit von
dem Regel- bzw. Steuersignal (S150) einer der
Schritte ausgeführt wird: (c1), Erzeugen von
Signalen, welche das Ausgeben der berechne-
ten Filterkoeffizienten (H1(n), H2(n)) anzeigen;
oder (c2) Wiederberechnen der Filterkoeffizi-
enten (H1(n), H2(n)) unter Verwendung von
Signalen, welche erhalten werden durch Ver-
zögern des Paars der dritten Impulsantwortsi-
gnale (T'1(n), T'2(n)) um eine vorgegebene
Zeit.

16. Verfahren nach einem der Ansprüche 13 bis 15,
wobei der Schritt (a) die Schritte umfasst:

(a1) Detektieren bzw. Erkennen eines Pegel-
verhältnis α des Paars der zweiten Impulsant-
wortsignale (T1(n), T2(n)), und Erzeugen eines
Pegelverhältnis-Detektiersignals (S103); und
(a2) Detektieren einer Zeitdifferenz dt des
Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)), und Erzeugen eines Zeitdiffe-
renz-Detektiersignals (S104).

17. Verfahren nach Anspruch 16, wobei Schritt (b) die
Schritte umfasst:

(b1) Auswählen eines Paars der ersten Impuls-
antwortsignale (S201) aus der Mehrzahl der
ersten Impulsantwortsignale (C1(n), C2(n),
C3(n), C4(n));
(b2) Einstellen des Paars der ersten Impulsant-
wortsignale, so dass eine relative Zeitdifferenz
des Paars der ersten Impulsantwortsignale
gleich der Zeitdifferenz dt ist, basierend auf
dem Zeitdifferenz-Detektiersignal (S104), und
Erzeugen eines Paars von eingestellten bzw.
abgeglichenen Impulsantwortsignalen (T'2(n));
und
(b3) Einstellen einer Verstärkung des Paars der
eingestellten Impulssignale (T'2(n)), so dass
das Pegelverhältnis der eingestellten Impuls-
antwortsignale in dem Paar gleich dem Pegel-

verhältnis α ist, basierend auf dem
Pegelverhältnis-Detektiersignal (S103), und
Erzeugen des Paars der Verstärkungs-einge-
stellten Signale als das Paar der dritten Impuls-
antwortsignale (T'1(n), T'2(n)).

18. Verfahren nach Anspruch 16, wobei Schritt (b) die
Schritte aufweist:

(b4) Auswählen eines ersten Impulsantwortsi-
gnals (S201) aus der Mehrzahl der ersten
Impulsantwortsignale (C1(n), C2(n), C3(n),
C4(n));
(b5) Verzögern des ausgewählten ersten
Impulsantwortsignals (S201) um die Zeitdiffe-
renz dt, basierend auf dem Zeitdifferenz-
Detektiersignal (S104), und Erzeugen eines
verzögerten Impulsantwortsignals (S205); und
(b6) Einstellen einer Verstärkung des verzöger-
ten Impulsantwortsignals (S205) durch Multipli-
zieren des verzögerten Impulsantwortsignals
(S205) mit dem Pegelverhältnis α, basierend
auf dem Pegelverhältnis-Detektiersignal
(S103), und Erzeugen eines eingestellten
Impulsantwortsignals (T'2(n)), und
wobei das Paar der dritten Impulsantwortsi-
gnale (T'1(n), T'2(n)) aus dem ausgewählten
ersten Impulsantwortsignal (S201) und dem
eingestellten Impulsantwortsignal (T'2(n))
gebildet wird.

19. Verfahren nach einem der Ansprüche 13 bis 18,
wobei Schritt (a) die Schritte umfasst: (a3) Detektie-
ren bzw. Bestimmen von Übertragungskennlinien
des Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)), und (a4) Berechnen eines Übertra-
gungskennlinienverhältnis, und Erzeugen eines
Kennlinienverhältnissignals (S301).

20. Verfahren nach Anspruch 19, wobei Schritt (b) die
Schritte aufweist:

(b7) Auswählen eines ersten Impulsantwortsi-
gnals (S201) aus der Mehrzahl der ersten
Impulsantwortsignale (C1(n), C2(n), C3(n),
C4(n)); und (b8) Einstellen einer Übertra-
gungskennlinie des ausgewählten ersten
Impulsantwortsignals (S201) basierend auf
dem Kennlinienverhältnis,
und Erzeugen eines eingestellten Impulsant-
wortsignals (T'2(n)), und wobei das Paar der
dritten Impulsantwortsignale (T'1(n), T'2(n))
aus dem ausgewählten ersten Impulsantwort-
signal (S201) und dem eingestellten Impulsant-
wortsignal (T'2(n)) gebildet wird.

21. Verfahren nach Anspruch 20, wobei
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Schritt (a3) aufweist: einen ersten Transformat-
ions-Schritt zum Transformieren des empfan-
genen Paars der zweiten Impulsantwortsignale
(T1(n), T2(n)) in ein Paar von ersten Kennlini-
ensignalen, welche im Frequenzbereich darge-
stellt werden; und einen ersten Berechnungs-
Schritt zum Berechnen eines Übertragungs-
kennlinienverhältnis des Paars der zweiten
Impulsantwortsignale (T1(n), T2(n)), basierend
auf den ersten Kennliniensignalen, und

Schritt (b8) umfasst: einen zweiten Transfor-
mations-Schritt zum Transformieren des aus-
gewählten ersten Impulsantwortsignals (S201)
in ein zweites Kennliniensignal, welches im
Frequenzbereich dargestellt wird; einen zwei-
ten Berechnungsschritt zum Multiplizieren des
zweiten Kennliniensignals mit dem Übertra-
gungskennlinienverhältnis, welches durch das
Kennlinienverhältnissignal (S301) angegeben
bzw. bestimmt wird; und einen inversen Trans-
formations-Schritt zum Transformieren des
multiplizierten Signals in ein Signal, welches im
Zeitbereich dargestellt wird.

22. Verfahren nach Anspruch 21, wobei in den ersten
und zweiten Transformations-Schritten Fourier-
Transformationen durchgeführt werden, und in dem
inversen Transformations-Schritt eine inverse Fou-
rier-Transformation durchgeführt wird.

Revendications

1. Dispositif (200) qui calcule des coefficients de filtre
(H1(n), H2(n)) afin de commander un champ
sonore et une image sonore, sur la base d'une plu-
ralité de premiers signaux de réponse impulsion-
nelle (C1(n), C2(n), C3(n), C4(n)) et une paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)), la pluralité de premiers signaux de réponse
impulsionnelle (C1(n), C2(n), C3(n), C4(n)) indi-
quant des réponses impulsionnelles provenant de
haut-parleurs (3, 4) reproduisant des signaux audio
vers les deux oreilles d'un auditeur (6), la paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)) indiquant des réponses impulsionnelles pro-
venant d'un haut-parleur de référence (5) à une
position à laquelle une image sonore est localisée
pour les deux oreilles de l'auditeur (6), le dispositif
(200) comprenant :

a) un moyen de calcul de coefficients (18) des-
tiné à calculer les coefficients de filtre (H1(n),
H2(n)) afin de commander le champ sonore et
l'image sonore, sur la base de la pluralité de
premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)) caractérisé par :
b) un moyen (13, 14) destiné à recevoir la paire
de seconds signaux de réponse impulsionnelle

(T1(n), T2(n)) et à extraire des paramètres
représentant les caractéristiques de la paire de
seconds signaux de réponse impulsionnelle
(T1(n), T2(n)) et à fournir en sortie des signaux
de paramètres (S103, S104),

c) un moyen d'ajustement de signal (16, 17)
destiné à ajuster au moins un signal de la plu-
ralité de premiers signaux de réponse impul-
sionnelle (C1(n), C4(n)) sur la base des
signaux de paramètres (S103, S104) et à four-
nir en sortie une paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) présen-
tant les mêmes caractéristiques que les carac-
téristiques extraites,
d) dans lequel le moyen de calcul de coeffi-
cients (18) calcule les coefficients de filtre
(H1(n), H2(n)) afin de commander le champ
sonore et l'image sonore, en outre sur la base
de la paire de troisièmes signaux de réponse
impulsionnelle (T'1(n), T'2(n)) appliqués à par-
tir du moyen d'ajustement de signal (17) et
agissant en tant que caractéristique de réfé-
rence en vue de calculer lesdits coefficients.

2. Dispositif selon la revendication 1, dans lequel le
moyen (13, 14) comprend :

un moyen de détection de rapport de niveaux
(13) destiné à recevoir la paire de seconds
signaux de réponse impulsionnelle (T1(n),
T2(n)) afin de détecter un rapport de niveaux α
de la paire de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)) et à fournir en
sortie un signal de détection de rapport de
niveaux (S103), et
un moyen de détection de différence de temps
(14) destiné à recevoir la paire de seconds
signaux de réponse impulsionnelle (T1(n),
T2(n)) afin de détecter une différence de temps
dt de la paire de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)) et à fournir en
sortie un signal de détection de différence de
temps (S104).

3. Dispositif selon la revendication 2, dans lequel le
dispositif comprend en outre :

un moyen de sélection (15-1, 15-2) destiné à
sélectionner une paire de premiers signaux de
réponse impulsionnelle (S101, S102) parmi la
pluralité de premiers signaux de réponse
impulsionnelle (C1(n), C2(n), C3(n), C4(n)),
un moyen d'ajustement de différence de temps
(16) destiné à recevoir la paire sélectionnée de
premiers signaux de réponse impulsionnelle
(S101, S102) et le signal de détection de diffé-
rence de temps (S104) afin d'ajuster la paire
sélectionnée de premiers signaux de réponse
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impulsionnelle de sorte qu'une différence de
temps relative de la paire de premiers signaux
de réponse impulsionnelle soit égale à la diffé-
rence de temps dt sur la base du signal de
détection de différence de temps (S104) et à
fournir en sortie une paire de signaux de
réponse impulsionnelle ajustés (S105, S106),
et

un moyen d'ajustement de rapport de niveaux
(17) destiné à recevoir la paire de signaux de
réponse impulsionnelle ajustés (S105, S106)
et le signal de détection de rapport de niveaux
(S103) afin d'ajuster un gain de la paire des
signaux de réponse impulsionnelle ajustés
(S105, S106) de sorte que le rapport de
niveaux des signaux de réponse impulsion-
nelle ajustés (S105, S106) de la paire soit égal
au rapport de niveaux α sur la base du signal
de détection de rapport de niveaux (103), et à
fournir en sortie la paire de signaux ajustés en
gain en tant que paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)).

4. Dispositif (300, 500) qui calcule des coefficients de
filtre (H1(n), H2(n)) afin de commander un champ
sonore et une image sonore, sur la base d'une plu-
ralité de premiers signaux de réponse impulsion-
nelle (C1(n), C2(n), C3(n), C4(n)) et une paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)), la pluralité de premiers signaux de réponse
impulsionnelle (C1(n), C2(n), C3(n), C4(n)) indi-
quant des réponses impulsionnelles provenant de
haut-parleurs (3, 4) reproduisant des signaux audio
vers les deux oreilles d'un auditeur (6), la paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)) indiquant des réponses impulsionnelles pro-
venant d'un haut-parleur de référence (5) à une
position à laquelle une image sonore est localisée
pour les deux oreilles de l'auditeur (6), le dispositif
(300, 500) comprenant :

a) un moyen de calcul de coefficients (18) des-
tiné à calculer les coefficients de filtre (H1(n),
H2(n)) afin de commander le champ sonore et
l'image sonore, sur la base de la pluralité de
premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)) caractérisé par :
b) un moyen (13, 14 ; 41) destiné à recevoir la
paire de seconds signaux de réponse impul-
sionnelle (T1(n), T2(n)) et à extraire des para-
mètres représentant des caractéristiques de la
paire de seconds signaux de réponse impul-
sionnelle (T1(n), T2(n)) et à fournir en sortie
des signaux de paramètres (S103, S104 ;
S301),
c) un moyen de sélection (31) destiné à sélec-
tionner l'un des premiers signaux de réponse
impulsionnelle (S201 ; T'1(n)) parmi la pluralité

de premiers signaux de réponse impulsionnelle
(C1(n) à C4(n)),

d) un moyen d'ajustement de signal (32, 33 ;
42) destiné à ajuster le premier signal de
réponse impulsionnelle sélectionné (S201,
T'1(n)) sur la base des signaux de paramètres
(S103, S104 ; S301) , et à fournir en sortie un
signal de réponse impulsionnelle ajusté
(T'2(n)), dans lequel le signal sélectionné
(T'1(n)) parmi les premiers signaux de réponse
impulsionnelle et le signal ajusté (T'2(n)) parmi
les premiers signaux de réponse impulsion-
nelle constituent une paire de troisièmes
signaux de réponse impulsionnelle (T'1(n),
T'2(n)) et présentent les mêmes caractéristi-
ques que les caractéristiques extraites,
e) dans lequel le moyen de calcul de coeffi-
cients (18) calcule les coefficients de filtre
(H1(n), H2(n)) afin de commander le champ
sonore et l'image sonore, en outre sur la base
de la paire de troisièmes signaux de réponse
impulsionnelle (T'1(n), T'2(n)) agissant en tant
que caractéristique de référence pour calculer
lesdits coefficients.

5. Dispositif selon la revendication 4, dans lequel le
moyen (13, 14) comprend :

un moyen de détection de rapport de niveaux
(13) destiné à recevoir la paire de seconds
signaux de réponse impulsionnelle (T1(n),
T2(n)) afin de détecter un rapport de niveaux α
de la paire de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)) et à fournir en
sortie un signal de détection de rapport de
niveaux (S103), et
un moyen de détection de différence de temps
(14) destiné à recevoir la paire de seconds
signaux de réponse impulsionnelle (T1(n),
T2(n)) afin de détecter une différence de temps
dt de la paire de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)) et à fournir en
sortie un signal de détection de différence de
temps (S104).

6. Dispositif selon la revendication 5, dans lequel le
dispositif comprend :

un moyen de sélection (31) destiné à sélection-
ner un premier signal de réponse impulsion-
nelle (S201 ; T'1(n)) parmi la pluralité de
premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)),
un moyen d'ajustement de différence de temps
(32) destiné à recevoir le premier signal de
réponse impulsionnelle sélectionné (S201) et
le signal de détection de différence de temps
(S104), afin de retarder le premier signal de
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réponse impulsionnelle sélectionné (S201) de
la différence de temps dt, sur la base du signal
de détection de différence de temps (S104), et
à fournir en sortie un signal de réponse impul-
sionnelle retardé (S205), et

un moyen d'ajustement de rapport de niveaux
(208) destiné à recevoir le signal de réponse
impulsionnelle retardé (S205) et le signal de
détection de rapport de niveaux (S103), afin
d'ajuster un gain du signal de réponse impul-
sionnelle retardé (S205) grâce à la multiplica-
tion du signal de réponse impulsionnelle
retardé (S205) par le rapport de niveaux α, sur
la base du signal de détection de rapport de
niveaux (S103), et à fournir en sortie un signal
de réponse impulsionnelle ajusté (T'2(n)), et
dans lequel la paire de troisièmes signaux de
réponse impulsionnelle est constituée du pre-
mier signal de réponse impulsionnelle sélec-
tionné (S201, T'1(n)) et du signal de réponse
impulsionnelle ajusté (T'2(n)).

7. Dispositif selon la revendication 4, dans lequel le
moyen est un moyen de détection de caractéristi-
ques de transfert (41) destiné à recevoir la paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)), afin de détecter des caractéristiques de
transfert de la paire de seconds signaux de
réponse impulsionnelle (T1(n), T2(n)) afin de calcu-
ler un rapport de caractéristiques de transfert, et de
fournir en sortie un signal de rapport de caractéris-
tiques (S301).

8. Dispositif selon la revendication 7, dans lequel le
moyen d'ajustement de signal comprend :

un moyen de sélection (31) destiné à sélection-
ner un premier signal de réponse impulsion-
nelle (S201) parmi la pluralité de premiers
signaux de réponse impulsionnelle (C1(n),
C2(n), C3(n), C4(n)), et
un moyen d'ajustement de caractéristiques de
transfert (42) destiné à recevoir le premier
signal de réponse impulsionnelle sélectionné
(S201) et le signal de rapport de caractéristi-
ques (S301), afin d'ajuster une caractéristique
de transfert du premier signal de réponse
impulsionnelle sélectionné (S201) sur la base
du rapport de caractéristiques et à fournir en
sortie un signal de réponse impulsionnelle
ajusté (T'2(n)), et
dans lequel la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) est
constituée du premier signal de réponse impul-
sionnelle sélectionné (S201) et du signal de
réponse impulsionnelle ajusté (T'2(n)).

9. Dispositif selon la revendication 8, dans lequel

le moyen de détection de caractéristiques de
transfert (41) comprend : un premier moyen de
transformation (41-3, 41-4) destiné à transfor-
mer la paire reçue de seconds signaux de
réponse impulsionnelle (T1(n), T2(n)) en une
paire de premiers signaux de caractéristiques
représentés dans le domaine des fréquences,
et un premier moyen de calcul (41-5) destiné à
calculer un rapport de caractéristiques de
transfert de la paire de seconds signaux de
réponse impulsionnelle sur la base des pre-
miers signaux de caractéristiques, et

le moyen d'ajustement de caractéristiques de
transfert (42) comprend : un second moyen de
transformation (42-3) destiné à transformer le
premier signal de réponse impulsionnelle
sélectionné (S201) en un second signal de
caractéristiques représenté dans le domaine
des fréquences, un second moyen de calcul
(42-4) destiné à multiplier le second signal de
caractéristiques par le rapport de caractéristi-
ques de transfert indiqué par le signal de rap-
port de caractéristiques, et un moyen de
transformation inverse (42-5) destiné à trans-
former le signal multiplié en un signal repré-
senté dans le domaine du temps.

10. Dispositif selon la revendication 9, dans lequel le
premier et le second moyens de transformation (41-
3, 41-4, 42-3) sont des moyens de transformation
de Fourier et le moyen de transformation inverse
(42-5) est un moyen de transformation de Fourier
inverse.

11. Dispositif selon l'une des revendications précéden-
tes, dans lequel le moyen de calcul de coefficients
(18) établit les coefficients de filtre (H1(n), H2(n))
de façon à ce que la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) soit prati-
quement égale à une paire de quatrièmes signaux
de réponse impulsionnelle (S130, S140), la paire
de quatrièmes signaux de réponse impulsionnelle
(S130, S140) indiquant une paire de réponses
impulsionnelles au niveau des deux oreilles de
l'auditeur (6) lorsque les signaux d'impulsions sont
reproduits à partir des haut-parleurs de reproduc-
tion (3, 4).

12. Dispositif selon l'une des revendications précéden-
tes, comprenant en outre :

un moyen de calcul de caractéristiques de
réponse (21, 22-1, 22-2, 23-1, 23-2, 23-3, 23-4,
24-1, 24-2) destiné à calculer une paire de
réponses impulsionnelles au niveau des deux
oreilles de l'auditeur (6) lorsque les signaux
d'impulsions sont reproduits à partir des haut-
parleurs de reproduction (3, 4) sur la base des
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premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)) et des coefficients
de filtre (H1(n), H2(n)) et à fournir en sortie la
paire de quatrièmes signaux de réponse impul-
sionnelle (S130, S140),

un moyen de comparaison (25-1, 25-2) destiné
à comparer la paire de quatrièmes signaux de
réponse impulsionnelle (S130, S140) à la paire
de troisièmes signaux de réponse impulsion-
nelle (T'1(n), T'2(n)) et à fournir en sortie un
signal de corrélation (131, 141), et
un moyen de commande (26) destiné à fournir
en sortie un signal de commande (S150) qui
commande le moyen de calcul de coefficients
(18), sur la base du signal de corrélation (131,
141) ,
dans lequel, conformément au signal de com-
mande (S150), le moyen de calcul de coeffi-
cients (18) exécute sélectivement l'une de
deux opérations, dans une première opération
des signaux indicatifs des coefficients de filtre
calculés sont fournis en sortie, et dans l'autre
opération les coefficients de filtre sont à nou-
veau calculés en utilisant des signaux qui sont
obtenus en retardant la paire de troisièmes
signaux de réponse impulsionnelle d'un temps
prédéterminé.

13. Procédé de calcul de coefficients de filtre (H1(n),
H2(n)) afin de commander un champ sonore et une
image sonore, sur la base d'une pluralité de pre-
miers signaux de réponse impulsionnelle (C1(n),
C2(n), C3(n), C4(n)) et d'une paire de seconds
signaux de réponse impulsionnelle (T1(n), T2(n)),
la pluralité de premiers signaux de réponse impul-
sionnelle (C1(n), C2(n), C3(n), C4(n)) indiquant des
réponses impulsionnelles provenant de haut-
parleurs (3, 4) reproduisant des signaux audio vers
les deux oreilles d'un auditeur (6), la paire de
seconds signaux de réponse impulsionnelle (T1(n),
T2(n)) indiquant des réponses impulsionnelles pro-
venant d'un haut-parleur de référence (5) à une
position à laquelle une image sonore est localisée
pour les deux oreilles de l'auditeur (6), le procédé
comprenant les étapes consistant à :

a) recevoir la paire de seconds signaux de
réponse impulsionnelle (T1(n), T2(n)) et
extraire des paramètres (S103, S104 ; S301)
représentant des caractéristiques de la paire
de seconds signaux de réponse impulsionnelle
(T1(n), T2(n)),
b) ajuster au moins un signal de la pluralité de
premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)) sur la base des
signaux de paramètres, et produire une paire
de troisièmes signaux de réponse impulsion-
nelle (T'1(n), T'2(n)) présentant les mêmes

caractéristiques que les caractéristiques extrai-
tes, et

c) calculer les coefficients de filtre (H1(n),
H2(n)) afin de commander le champ sonore et
une image sonore, sur la base de la pluralité de
premiers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)) et de la paire pro-
duite de troisièmes signaux de réponse impul-
sionnelle (T'1(n), T'2(n)) agissant en tant que
caractéristique de référence pour calculer les-
dits coefficients.

14. Procédé selon la revendication 13, dans lequel à
l'étape (c), les coefficients de filtre sont établis de
façon à ce que la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) soit prati-
quement égale à une paire de quatrièmes signaux
de réponse impulsionnelle (S130, S140), la paire
de quatrièmes signaux de réponse impulsionnelle
(S130, S140) indiquant une paire de réponses
impulsionnelles au niveau des deux oreilles de
l'auditeur (6) lorsque des signaux d'impulsions sont
reproduits à partir des haut-parleurs de reproduc-
tion (3, 4).

15. Procédé selon la revendication 14, comprenant en
outre les étapes consistant à :

d) calculer une paire de réponses impulsion-
nelles au niveau des deux oreilles de l'auditeur
(6) lorsque les signaux d'impulsions sont repro-
duits à partir des haut-parleurs de reproduction
(3, 4), sur la base des premiers signaux de
réponse impulsionnelle (C1(n), C2(n), C3(n),
C4(n)) et des coefficients de filtre (H1(n),
H2(n)), et produire la paire de quatrièmes
signaux de réponse impulsionnelle (S130,
S140),
e) comparer la paire de quatrièmes signaux de
réponse impulsionnelle (S130, S140) à la paire
de troisièmes signaux de réponse impulsion-
nelle (T'1(n), T'2(n)) et produire un signal de
corrélation (131, 141), et
f) produire un signal de commande (150) qui
commande le calcul de coefficients sur la base
du signal de corrélation (131, 141),
dans lequel, à l'étape (c), conformément au
signal de commande (S150), l'une de l'étape
(c1) consistant à produire des signaux indica-
tifs de la sortie des coefficients de filtre calcu-
lés (H1(n), H2(n)) et de l'étape (c2) consistant
à calculer les coefficients de filtre (H1(n),
H2(n)) utilise des signaux qui sont obtenus en
retardant la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) d'un
temps prédéterminé.

16. Procédé selon l'une des revendications 13 à 15,
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dans lequel l'étape (a) comprend les étapes consis-
tant à :

(a1) détecter un rapport de niveaux α de la
paire de seconds signaux de réponse impul-
sionnelle (T1(n), T2(n)) et produire un signal de
détection de rapport de niveaux (S103), et
(a2) détecter une différence de temps dt de la
paire de seconds signaux de réponse impul-
sionnelle (T1(n), T2(n)), et produire un signal
de détection de différence de temps (S104).

17. Procédé selon la revendication 16, dans lequel
l'étape (b) comprend les étapes consistant à :

(b1) sélectionner une paire de premiers
signaux de réponse impulsionnelle (S201)
parmi la pluralité de premiers signaux de
réponse impulsionnelle (C1(n), C2(n), C3(n),
C4(n)),
(b2) ajuster la paire de premiers signaux de
réponse impulsionnelle de sorte qu'une diffé-
rence de temps relative de la paire de premiers
signaux de réponse impulsionnelle soit égale à
la différence de temps dt sur la base du signal
de détection de différence de temps (S104), et
produire une paire de signaux de réponse
impulsionnelle ajustés (T'2(n)), et
(b3) ajuster un gain de la paire de signaux de
réponse impulsionnelle ajustés (T'2(n)) de
sorte que le rapport de niveaux des signaux de
réponse impulsionnelle ajustés de la paire soit
égal au rapport de niveaux α sur la base du
signal de détection de rapport de niveaux
(S103) et produire la paire de signaux ajustés
en gain en tant que paire de troisièmes signaux
de réponse impulsionnelle (T'1(n), T'2(n)).

18. Procédé selon la revendication 16, dans lequel
l'étape (b) comprend les étapes consistant à :

(b4) sélectionner un premier signal de réponse
impulsionnelle (S201) parmi la pluralité de pre-
miers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n)),
(b5) retarder le premier signal de réponse
impulsionnelle sélectionné (S201) de la diffé-
rence de temps dt sur la base du signal de
détection de différence de temps (S104), et
produire un signal de réponse impulsionnelle
retardé (S205), et
(b6) ajuster un gain du signal de réponse
impulsionnelle retardé (S205) en multipliant le
signal de réponse impulsionnelle retardé
(S205) par le rapport de niveaux α sur la base
du signal de détection de rapport de niveaux
(S103), et produire un signal de réponse impul-
sionnelle ajusté (T'2(n)), et

dans lequel la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) est
constituée du premier signal de réponse impul-
sionnelle sélectionné (S201) et du signal de
réponse impulsionnelle ajusté (T'2(n)).

19. Procédé selon l'une des revendications 13 à 18,
dans lequel l'étape (a) comprend les étapes consis-
tant à (a3) détecter des caractéristiques de trans-
fert de la paire de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)), et (a4) calculer un
rapport de caractéristiques de transfert, et produire
un signal de rapport de caractéristiques (S301).

20. Procédé selon la revendication 19, dans lequel
l'étape (b) comprend les étapes consistant à :

(b7) sélectionner un premier signal de réponse
impulsionnelle (S201) parmi la pluralité de pre-
miers signaux de réponse impulsionnelle
(C1(n), C2(n), C3(n), C4(n), et
(b8) ajuster une caractéristique de transfert du
premier signal de réponse impulsionnelle
sélectionné (S201) sur la base du rapport de
caractéristiques, et produire un signal de
réponse impulsionnelle ajusté (T'2(n)), et
dans lequel la paire de troisièmes signaux de
réponse impulsionnelle (T'1(n), T'2(n)) est
constituée du premier signal de réponse impul-
sionnelle sélectionné (S201) et du signal de
réponse impulsionnelle ajusté (T'2(n)).

21. Procédé selon la revendication 20, dans lequel

l'étape (a3) comprend : une première étape de
transformation consistant à transformer la
paire reçue de seconds signaux de réponse
impulsionnelle (T1(n), T2(n)) en une paire de
premiers signaux de caractéristiques représen-
tés dans le domaine des fréquences, et une
première étape de calcul consistant à calculer
un rapport de caractéristiques de transfert de
la paire de seconds signaux de réponse impul-
sionnelle (T1(n), T2(n)) sur la base des pre-
miers signaux de caractéristiques, et
l'étape (b8) comprend : une seconde étape de
transformation consistant à transformer le pre-
mier signal de réponse impulsionnelle sélec-
tionné (S201) en un second signal de
caractéristiques représenté dans le domaine
des fréquences, une seconde étape de calcul
consistant à multiplier le second signal de
caractéristiques par le rapport de caractéristi-
ques de transfert indiqué par le signal de rap-
port de caractéristiques (S301), et une étape
de transformation inverse consistant à transfor-
mer le signal multiplié en un signal représenté
dans le domaine du temps.
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22. Procédé selon la revendication 21, dans lequel
dans les première et seconde étapes de transfor-
mation, des transformations de Fourier sont exécu-
tées, et dans l'étape de transformation inverse, une
transformation de Fourier inverse est exécutée.
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