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Description

[Technical Field]

[0001] The present technology relates to an audio processing apparatus, a method, and a program, and particularly
to, an audio processing apparatus, a method, and a program that aim at enabling a sound to be reproduced more efficiently.

[Background Art]

[0002] In recent years, in the field of sounds, a development or popularization of a system for recording, transmitting,
and reproducing space information from the entire circumference has advanced. In a super high vision, for example,
broadcasting has been programmed in a three-dimensional multi-channel acoustics of 22.2 channel.
[0003] Further, also in the field of virtual reality, a system that reproduces, in addition to a video surrounding the entire
circumference, a signal surrounding the entire circumference with respect to sounds is getting out into the world.
[0004] An expression method regarding three-dimensional audio information that is able to flexibly respond to an
arbitrary recording and reproducing system, which is called ambisonics in the above field, is used and noticed. In
particular, the ambisonics in which an order is a second order or higher is called a higher order ambisonics (HOA) (for
example, refer to NPL 1).
NPL 2 relates to a mixed-order ambisonics system and proposes to use two perceptually motivated metrics that consider
reproduced signals at the listener’s ear to quantify the reproduction error and the audibility of the total microphone noise.
PL 1 addresses sound recording and mixing methods for 3-D audio rendering of multiple sound sources over headphones
or loudspeaker playback systems. Economical techniques are provided, whereby directional panning and mixing of
sounds are performed in a multi-channel encoding format which preserves interaural time difference information and
does not contain head-related spectral information. Decoders are provided for converting the multi-channel encoded
signal into signals for playback over headphones or various loudspeaker arrangements. These decoders ensure faithful
reproduction of directional auditory information at the eardrums of the listener and can be adapted to the number and
geometrical layout of the loudspeakers and the individual characteristics of the listener. A multichannel encoding format
is disclosed, which, in addition to the above advantages, is associated with a practical microphone technique for producing
3-D audio recordings compliant with the decoders described.
[0005] In the three-dimensional multi-channel acoustics, sound information spreads over a space axis in addition to
a time axis. A frequency transformation is performed regarding an angular direction of three-dimensional polar coordinates
in the ambisonics, that is, a spherical harmonic function transformation is performed to hold information. Further, when
considering only a horizontal plane, an annular harmonic function transformation is performed. The spherical harmonic
function transformation or the annular harmonic function transformation can be considered to correspond to a time
frequency transformation to the time axis of an audio signal.
[0006] An effect of the above method lies in the fact that it is possible to encode and decode information from an
arbitrary microphone array to an arbitrary speaker array without limiting the number of microphones or speakers.
[0007] On the one hand, as a factor in a hindrance to spreading the ambisonics, a speaker array including a large
amount of speakers is required for a reproduction environment or a range (sweet spot) in which a sound space is
reproducible is narrow.
[0008] For example, to raise a spatial resolution of sound, a speaker array including more speakers is required.
However, it is unrealistic that such a system is built at home or the like. Further, an area capable of reproducing a sound
space is narrow in a space as in a movie theater and it is difficult to give a desired effect to all spectators.
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27-29.

[Summary]

[Technical Problem]

[0011] To solve the above problem, ambisonics and a binaural reproduction technique are considered to be combined.
The binaural reproduction technique is generally called a virtual auditory display (VAD) and is realized by using a head-
related transfer function (HRTF).
[0012] Here, the HRTF expresses, as a function of a frequency and an arrival direction, information regarding how a
sound is transmitted from every direction surrounding the head of a human being up to eardrums of both ears.
[0013] In a case in which a sound obtained by synthesizing the HRTF from a certain direction for a target sound is
presented by headphones, a listener perceives as if a sound arrives not from the headphones but from a direction of
the used HRTF. The VAD is a system using such a principle.
[0014] When a plurality of virtual speakers are reproduced by using the VAD, it is possible to realize, by presenting
through headphones, the same effect as that of the ambisonics in a speaker array system including multiple speakers
that is difficult actually.
[0015] However, such a system cannot reproduce a sound sufficiently efficiently. For example, in a case in which the
ambisonics and the binaural reproduction technique are combined, not only a large amount of operation such as a
convolution operation of the HRTF is performed but also a large amount of memory is used for the operation or the like.
[0016] The present technology has been made in view of the circumstances as described above and aims at enabling
a sound to be reproduced more efficiently.

[Solution to Problem]

[0017] An audio processing apparatus according to one aspect of the present technology includes an HRTF synthesis
section configured to synthesize an input signal in an annular harmonic domain or a portion of an input signal in a
spherical harmonic domain corresponding to the annular harmonic domain and a diagonalized HRTF, and an annular
harmonic inverse transformation section configured to perform an annular harmonic inverse transformation on a signal
obtained by the synthesis on the basis of an annular harmonic function to thereby generate a headphone driving signal
in a time frequency domain.
[0018] It is possible to cause the HRTF synthesis section to calculate a product of a diagonal matrix obtained by
diagonalizing a matrix including a plurality of HRTFs by an annular harmonic function transformation and a vector
including the input signal corresponding to each order of the annular harmonic function and thereby synthesize the input
signal and the diagonalized HRTF.
[0019] It is possible to cause the HRTF synthesis section to synthesize the input signal and the diagonalized HRTF
by using only an element of the predetermined order settable for each time frequency in a diagonal component of the
diagonal matrix.
[0020] It is possible to cause the diagonalized HRTF used in common for users to be included as an element in the
diagonal matrix.
[0021] It is possible to cause the diagonalized HRTF that depends on an individual user to be included as an element
in the diagonal matrix.
[0022] It is possible to cause the audio processing apparatus to further include a matrix generation section configured
to previously hold the diagonalized HRTF that is common to users, the diagonalized HRTF constituting the diagonal
matrix, and acquire the diagonalized HRTF that depends on an individual user to generate the diagonal matrix from the
acquired diagonalized HRTF and the previously held and diagonalized HRTF.
[0023] It is possible to cause the annular harmonic inverse transformation section to hold an annular harmonic function
matrix including an annular harmonic function in each direction and perform the annular harmonic inverse transformation
on the basis of a row corresponding to a predetermined direction of the annular harmonic function matrix.
[0024] It is possible to cause the audio processing apparatus to further include a head direction acquisition section
configured to acquire a direction of the head of the user who listens to a sound based on the headphone driving signal,
and it is possible to cause the annular harmonic inverse transformation section to perform the annular harmonic inverse
transformation on the basis of a row corresponding to the direction of the head of the user in the annular harmonic
function matrix.
[0025] It is possible to cause the audio processing apparatus to further include a head direction sensor section con-
figured to detect a rotation of the head of the user, and it is possible to cause the head direction acquisition section to
acquire a detection result by the head direction sensor section and thereby acquire the direction of the head of the user.
[0026] It is possible to cause the audio processing apparatus to further include a time frequency inverse transformation
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section configured to perform a time frequency inverse transformation on the headphone driving signal.
[0027] An audio processing method according to one aspect of the present technology includes the steps of: or a
program according to one aspect of the present technology causes a computer to execute processing including the
steps of: synthesizing an input signal in an annular harmonic domain or a portion of an input signal in a spherical harmonic
domain corresponding to the annular harmonic domain and a diagonalized HRTF, and performing an annular harmonic
inverse transformation on a signal obtained by the synthesis on the basis of an annular harmonic function to thereby
generate a headphone driving signal in a time frequency domain.
[0028] In one aspect of the present technology, an input signal in an annular harmonic domain or a portion of an input
signal in a spherical harmonic domain corresponding to the annular harmonic domain and a diagonalized HRTF are
synthesized, and an annular harmonic inverse transformation is performed on a signal obtained by the synthesis on the
basis of an annular harmonic function and thereby a headphone driving signal in a time frequency domain is generated.

[Advantageous Effect of Invention]

[0029] According to one aspect of the present technology, a sound can be reproduced more efficiently.
[0030] It is to be noted that the effect described here is not necessarily restrictive and may be any of effects described
in the present disclosure.

[Brief Description of Drawings]

[0031]

[FIG. 1]
FIG. 1 is a diagram describing a simulation of a stereophonic sound using an HRTF.
[FIG. 2]
FIG. 2 is a diagram illustrating a configuration of a general audio processing apparatus.
[FIG. 3]
FIG. 3 is a diagram describing a calculation of a driving signal by a general method.
[FIG. 4]
FIG. 4 is a diagram illustrating a configuration of an audio processing apparatus to which a head tracking function
is added.
[FIG. 5]
FIG. 5 is a diagram describing the calculation of the driving signal in a case of adding the head tracking function.
[FIG. 6]
FIG. 6 is a diagram describing the calculation of the driving signal by a proposed method.
[FIG. 7]
FIG. 7 is a diagram describing an operation at the time of calculating the driving signal by using the proposed method
and an extended method.
[FIG. 8]
FIG. 8 is a diagram illustrating a configuration example of the audio processing apparatus to which the present
technology is applied.
[FIG. 9]
FIG. 9 is a flowchart describing driving signal generation processing.
[FIG. 10]
FIG. 10 is a diagram describing a reduction in an operation amount by a cutoff of an order.
[FIG. 11]
FIG. 11 is a diagram describing the operation amount and a required amount of memory of the proposed method
and the general method.
[FIG. 12]
FIG. 12 is a diagram describing a generation of a matrix of the HRTF.
[FIG. 13]
FIG. 13 is a diagram describing a reduction in the operation amount by the cutoff of the order.
[FIG. 14]
FIG. 14 is a diagram describing a reduction in the operation amount by the cutoff of the order.
[FIG. 15]
FIG. 15 is a diagram illustrating a configuration example of the audio processing apparatus to which the present
technology is applied.
[FIG. 16]
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FIG. 16 is a flowchart describing the driving signal generation processing.
[FIG. 17]
FIG. 17 is a diagram describing an arrangement of virtual speakers.
[FIG. 18]
FIG. 18 is a diagram describing the arrangement of the virtual speakers.
[FIG. 19]
FIG. 19 is a diagram describing the arrangement of the virtual speakers.
[FIG. 20]
FIG. 20 is a diagram describing the arrangement of the virtual speakers.
[FIG. 21]
FIG. 21 is a diagram illustrating a configuration example of a computer.

[Description of Embodiments]

[0032] Hereinafter, embodiments to which the present technology is applied will be described with reference to the
accompanying drawings.

<First Embodiment>

<Present Technology>

[0033] In the present technology, an HRTF itself in a certain plane is considered to be a function of two-dimensional
polar coordinates. In a similar manner, an annular harmonic function transformation is performed and a synthesis of an
input signal and the HRTF is performed in an annular harmonic domain without decoding into a speaker array signal
the input signal that is an audio signal in a spherical harmonic domain or the annular harmonic domain. This process
permits a more efficient reproduction system to be realized from the viewpoint of an operation amount or a memory
usage amount.
[0034] For example, a spherical harmonic function transformation to a function f(θ, ϕ) on spherical coordinates is
represented by the following formula (1). Further, the annular harmonic function transformation to a function f(ϕ) on two-
dimensional polar coordinates is represented by the following formula (2).
[Math. 1] 

[Math. 2]

[0035] In formula (1), θ and ϕ represent an elevation angle and a horizontal angle in the spherical coordinates, re-
spectively, and Yn

m(θ, ϕ) represents the spherical harmonic function. Further, a function in which "-" is given to an upper
part of the spherical harmonic function Yn

m(θ, ϕ) represents a complex conjugate of the spherical harmonic function
Yn

m(θ, ϕ).
[0036] Further, in formula (2), ϕ represents a horizontal angle of the two-dimensional polar coordinates and Ym(ϕ)
represents an annular harmonic function. A function in which "-" is given to an upper part of the annular harmonic function
Ym(ϕ) represents a complex conjugate of the annular harmonic function Ym(ϕ).
[0037] Here, the spherical harmonic function Yn

m(θ, ϕ) is represented by the following formula (3). Further, the annular
harmonic function Ym(ϕ) is represented by the following formula (4).
[Math. 3]
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[Math. 4] 

[0038] In formula (3), n and m represent an order of the spherical harmonic function Yn
m(θ, ϕ) and -n ≤ m ≤ n holds.

Further, j represents a purely imaginary number and Pn
m(x) is an associated Legendre function represented by the

following formula (5). In a similar manner, in formula (4), m represents an order of the annular harmonic function Ym(ϕ)
and j represents a purely imaginary number.
[Math. 5] 

[0039] Further, an inverse transformation from a function Fn
m subjected to the spherical harmonic function transfor-

mation to a function f(ϕ) on the two-dimensional polar coordinates is represented by the following formula (6). Further,
an inverse transformation from a function Fm subjected to the annular harmonic function transformation to a function
f(ϕ) on the two-dimensional polar coordinates is represented by the following formula (7) .
[Math. 6] 

[Math. 7] 

[0040] As described above, a transformation from an input signal D’nm(ω) of a sound after a correction in a radial
direction is performed to a speaker driving signal S(xi, ω) of L respective speakers arranged on a circle having a radius
R, which is held in the spherical harmonic domain, is represented by the following formula (8).
[Math. 8] 

[0041] Note that in formula (8), xi represents a position of the speaker and ω represents a time frequency of a sound
signal. The input signal D’nm(ω) is an audio signal corresponding to each order n and each order m of the spherical
harmonic function regarding a predetermined time frequency ω and only an element in which |m| = n holds is used in
the input signal D’nm(ω) in a calculation of formula (8). In other words, only a portion of the input signal D’nm(ω) corre-
sponding to the annular harmonic domain is used.
[0042] Further, a transformation from an input signal D’m(ω) of a sound after a correction in the radial direction is
performed to the speaker driving signal S(xi, ω) of L respective speakers arranged on a circle having a radius R, which
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is held in the annular harmonic domain, is represented by the following formula (9).
[Math. 9] 

[0043] Note that in formula (9), xi represents a position of a speaker and ω represents a time frequency of a sound
signal. The input signal D’m(ω) is an audio signal corresponding to each order m of the annular harmonic function
regarding the predetermined time frequency ω.
[0044] Further, the position xi in formulas (8) and (9) satisfies xi = (Rcosαi, Rsinαi)t and i represents a speaker index
for specifying a speaker. Here, i = 1, 2, ..., L holds and αi represents a horizontal angle indicating a position of an i-th
speaker.
[0045] A transformation represented by formulas (8) and (9) as described above is an annular harmonic inverse
transformation corresponding to formulas (6) and (7). Further, in a case in which the speaker driving signal S(xi, ω) is
calculated by formulas (8) and (9), the number L of speakers that is the number of reproduction speakers and an order
N of the annular harmonic function, that is, the maximum value N of an order m need to satisfy a relation represented
by the following formula (10). Note that, subsequently, a case in which an input signal is a signal in the annular harmonic
domain is described. Even if the input signal is a signal in the spherical harmonic domain, only the element in which |m|
= n holds in the input signal D’nm(ω) is used, and thereby the same effects can be obtained by similar processing. In
other words, the same discussions hold even in the input signal in the spherical harmonic domain as those in the input
signal in the annular harmonic domain.
[Math. 10] 

[0046] Incidentally, a general method as a method for simulating a stereophonic sound at ears by presenting through
headphones is, for example, a method using the HRTF as illustrated in FIG. 1.
[0047] In an example illustrated in FIG. 1, an input ambisonics signal is decoded and respective speaker driving signals
of a virtual speaker SP11-1 to a virtual speaker SP11-8 that are a plurality of virtual speakers are generated. At this
time, the decoded signal corresponds to, for example, the above-described input signal D’nm(ω) or input signal D’m(ω).
[0048] Here, the virtual speaker SP11-1 to the virtual speaker SP11-8 are annularly arrayed and virtually arranged,
and a speaker driving signal of the respective virtual speakers is obtained by calculating the above-described formula
(8) or (9). Note that hereinafter, in a case in which the virtual speaker SP11-1 to the virtual speaker SP11-8 need not
be particularly discriminated, they are simply referred to as the virtual speakers SP11.
[0049] When the speaker driving signal of each of the virtual speakers SP11 is obtained in this manner, driving signals
(binaural signals) of left and right of the headphones HD11 that actually reproduce a sound are generated by performing
a convolution operation using the HRTF for each of the above virtual speakers SP11. Then, a sum of the driving signals
of the headphones HD11 obtained in the respective virtual speakers SP11 is set to a final driving signal.
[0050] Meanwhile, such a method is written in detail in, for example, "ADVANCED SYSTEM OPTIONS FOR BINAURAL
RENDERING OF AMBISONIC FORMAT (Gerald Enzner et. al. ICASSP 2013)" or the like.
[0051] The HRTF H(x, ω) used to generate the driving signals of left and right of the headphones HD11 is obtained
by normalizing transfer characteristics H1(x, ω) up to eardrum positions of a user who is a listener in a free space from
a sound source position x in the state in which the head of the user is present by transfer characteristics H0(x, ω) up to
a center 0 of the head from the sound source position x in the state in which the head is not present. In other words, the
HRTF H(x, ω) in the sound source position x is obtained by the following formula (11).
[Math. 11] 

[0052] Here, the HRTF H(x, ω) is convoluted on an arbitrary audio signal and is presented by using the headphones
or the like. Through this process, an illusion as if a sound is heard from the direction of the convoluted HRTF H(x, ω),
that is, from the direction of the sound source position x can be given to the listener.
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[0053] In the example illustrated in FIG. 1, the driving signals of left and right of the headphones HD11 are generated
by using such a principle.
[0054] Specifically, a position of each of the virtual speakers SP11 is set to a position xi and the speaker driving signal
of the above virtual speakers SP11 is set to S(xi, ω).
[0055] In addition, the number of the virtual speakers SP11 is set to L (here, L = 8) and the final driving signals of left
and right of the headphones HD11 are set to Pl and Pr, respectively.
[0056] In this case, when the speaker driving signal S(xi, ω) is simulated by presenting through the headphones HD11,
the driving signal Pl and the driving signal Pr of left and right of the headphones HD11 can be obtained by calculating
the following formula (12).
[Math. 12] 

[0057] Note that in formula (12), Hl(xi, ω) and Hr(xi, ω) represent the normalized HRTFs up to the left and right eardrum
positions of the listener from the position xi of the virtual speakers SP11, respectively.
[0058] The above operation enables the input signal D’m(ω) in the annular harmonic domain to be finally reproduced
by presenting through the headphones. In other words, the same effects as those of the ambisonics can be realized by
presenting through the headphones.
[0059] As described above, an audio processing apparatus that generates the driving signal of left and right of the
headphones from the input signal by using a general method (hereinafter, also referred to as a general method) for
combining the ambisonics and the binaural reproduction technique has a configuration illustrated in FIG. 2.
[0060] Specifically, the audio processing apparatus 11 illustrated in FIG. 2 includes an annular harmonic inverse
transformation section 21, an HRTF synthesis section 22, and a time frequency inverse transformation section 23.
[0061] The annular harmonic inverse transformation section 21 performs the annular harmonic inverse transformation
on the input input signal D’m(ω) by calculating formula (9). The speaker driving signal S(xi, ω) of the virtual speakers
SP11 obtained as a result is supplied to the HRTF synthesis section 22.
[0062] The HRTF synthesis section 22 generates and outputs the driving signal Pl and the driving signal Pr of left and
right of the headphones HD11 by formula (12) on the basis of the speaker driving signal S(xi, ω) from the annular harmonic
inverse transformation section 21 and the previously prepared HRTF Hl(xi, ω) and HRTF Hr(xi, ω).
[0063] Further, the time frequency inverse transformation section 23 performs a time frequency inverse transformation
on the driving signal Pl and the driving signal Pr that are signals in the time frequency domain output from the HRTF
synthesis section 22. The driving signal pl(t) and the driving signal pr(t) that are signals in the time domain obtained as
a result are supplied to the headphones HD11 to reproduce a sound.
[0064] Note that, hereinafter, in a case in which the driving signal Pl and the driving signal Pr regarding the time
frequency ω need not be discriminated particularly, they are also referred to as a driving signal P(ω) simply. In a case
in which the driving signal pl(t) and the driving signal pr(t) need not be discriminated particularly, they are also referred
to as a driving signal p(t) simply. Further, in a case in which the HRTF Hl(xi, ω) and the HRTF Hr(xi, ω) need not be
discriminated particularly, they are also referred to as an HRTF H(xi, ω) simply.
[0065] In the audio processing apparatus 11, for example, an operation illustrated in FIG. 3 is performed in order to
obtain the driving signal P(ω) of 1 3 1, that is, one row one column.
[0066] In FIG. 3, H(ω) represents a vector (matrix) of 1 3 L including L HRTFs H(xi, ω). Further, D’(ω) represents a
vector including the input signal D’m(ω) and when the number of the input signals D’m(ω) of bin of the time frequency ω
is K, the vector D’(ω) is K 3 1. Further, Yα represents a matrix including the annular harmonic function Ym(αi) of each
order and the matrix Yα is a matrix of L 3 K.
[0067] Accordingly, in the audio processing apparatus 11, a matrix S obtained by performing a matrix operation of the
matrix Yα of L 3 K and the vector D’(ω) of K 3 1 is calculated. Further, a matrix operation of the matrix S and the vector
(matrix) H(ω) of 1 x L is performed and one driving signal P(ω) is obtained.
[0068] Further, in a case in which the head of the listener who wears the headphones HD11 is rotated in the direction
of the predetermined direction ϕj indicated by a horizontal angle of the two-dimensional polar coordinates, a driving
signal Pl(ϕj, ω) of a left headphone of the headphones HD11 is, for example, represented by the following formula (13).
[Math. 13] 
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[0069] Meanwhile, in formula (13), the driving signal Pl(ϕj, ω) expresses the above-described driving signal Pl. Here,
to clarify the position, that is, the direction ϕj and the time frequency ω, the driving signal Pl is described as the driving
signal Pl(ϕj, ω). In addition, a matrix u(ϕj) in formula (13) is a rotation matrix that performs a rotation by the angle ϕj.
Accordingly, when the predetermined angle is, for example, ϕj = θ, the matrix u(ϕj), that is, the matrix u(θ) is a rotation
matrix that rotates by an angle θ and is represented by the following formula (14).
[Math. 14] 

[0070] When a configuration for specifying a rotation direction of the head of the listener, that is, a configuration of a
head tracking function is, for example, further added to the general audio processing apparatus 11 as illustrated in FIG.
4, a sound image position viewed from the listener can be fixed within a space. Note that in FIG. 4, the same sign as
that of FIG. 2 is given to a portion corresponding to that of FIG. 2 and the descriptions are omitted arbitrarily.
[0071] In the audio processing apparatus 11 illustrated in FIG. 4, a head direction sensor section 51 and a head
direction selection section 52 are further formed in the configuration illustrated in FIG. 2.
[0072] The head direction sensor section 51 detects a rotation of the head of the user who is the listener and supplies
a detection result to the head direction selection section 52. The head direction selection section 52 calculates as the
direction ϕj the rotation direction of the head of the listener, that is, a direction of the head of the listener after the rotation
on the basis of the detection result from the head direction sensor section 51 and supplies the direction ϕj to the HRTF
synthesis section 22.
[0073] In this case, on the basis of the direction ϕj supplied by the head direction selection section 52, the HRTF
synthesis section 22 calculates the driving signals of left and right of the headphones HD11 by using the HRTF of relative
coordinates u(ϕj)-1xi of each virtual speaker SP11 viewed from the head of the listener from among a plurality of previously
prepared HRTFs. This process permits the sound image position viewed from the listener to be fixed within a space
even in a case of reproducing a sound by the headphones HD11 similarly to a case of using an actual speaker.
[0074] When a driving signal of the headphones is generated by using the above-described general method or the
method in which the head tracking function is further added to the general method, the same effects as those of the
annularly arranged ambisonics can be obtained without using a speaker array and without limiting a range in which it is
possible to reproduce a sound space. However, in the above methods, not only a large amount of operation such as
the convolution operation of the HRTF is generated, but also a large amount of memory used for the operation or the
like is generated.
[0075] To solve the above problem, in the present technology, the convolution operation of the HRTF, which is per-
formed in the time frequency domain in the general method, is performed in the annular harmonic domain. Through this
process, the operation amount of the convolution operation or a required amount of memory can be reduced and a
sound can be reproduced more efficiently.
[0076] Hereinafter, a method according to the present technology will be described.
[0077] For example, when paying attention to the left headphone, the vector Pl(ω) including each of the driving signals
Pl(ϕj, ω) of the left headphone in all rotational directions of the head of the user who is the listener is represented by the
following formula (15).
[Math. 15] 

[0078] Note that in formula (15), S(ω) is a vector including the speaker driving signal S(xi, ω) and S(ω) = YαD’(ω) holds.
Further, in formula (15), Yα represents a matrix including the annular harmonic function Ym(αi) of each order and an
angle αi of each virtual speaker, which is represented by the following formula (16). Here, i = 1, 2, ..., L holds and a
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maximum value of the order m (maximum order) is N.
[0079] D’(ω) represents a vector (matrix) including the input signal D’m(ω) of a sound corresponding to each order,
which is represented by the following formula (17). Each input signal D’m(ω) is a signal in the annular harmonic domain.
[0080] Further, in formula (15), H(ω) represents a matrix including an HRTF H(u(ϕj)-1xi, ω) of the relative coordinates
u(ϕj)-1xi of each virtual speaker viewed from the head of the listener in a case in which a direction of the head of the
listener is the direction ϕj, which is represented by the following formula (18). In this example, the HRTF H(u(ϕj)-1xi, ω)
of each virtual speaker is prepared in M directions in total from the direction ϕ1 to the direction ϕM.
[Math. 16]

[Math. 17] 

[Math. 18] 

[0081] When the driving signal Pl(ϕj, ω) of the left headphone at the time when the head of the listener is directed to
the direction ϕj is calculated, a row corresponding to the direction ϕj that is a direction of the head of the listener, that
is, a row of the HRTF H(u(ϕj)-1xi, ω) has only to be selected from the matrix H(ω) of the HRTF to calculate formula (15).
[0082] In this case, for example, calculation is performed only for a necessary row as illustrated in FIG. 5.
[0083] In this example, since HRTFs are prepared for M directions, the matrix calculation represented by formula (15)
is as indicated with an arrow A11.
[0084] Specifically, when the number of the input signals D’m(ω) of the time frequency ω is K, the vector D’(ω) is a
matrix of K 3 1, that is, K rows one column. Further, the matrix Yα of the annular harmonic function is L 3 K and the
matrix H(ω) is M 3 L. Accordingly, in the calculation of formula (15), the vector Pl(ω) is M 3 1.
[0085] Here, when the matrix operation (product-sum operation) of the matrix Yα and the vector D’(ω) is performed to
calculate the vector S(ω), at the time of calculating the driving signal Pl(ϕj, ω), the row corresponding to the direction ϕj
of the head of the listener can be selected from the matrix H(ω) as indicated with an arrow A12 and an operation amount
can be reduced. In FIG. 5, a shaded portion of the matrix H(ω) indicates the row corresponding to the direction ϕj, an
operation of the row and the vector S(ω) is performed, and the desired driving signal Pl(ϕj, ω) of the left headphone is
calculated.
[0086] Here, a matrix of M 3 K including the annular harmonic functions corresponding to the input signals D’m(ω) in
each of the M directions in total from the direction ϕ1 to the direction ϕM is assumed to be Yϕ. In other words, a matrix
including the annular harmonic function Ym(ϕ1) to the annular harmonic function Ym(ϕM) in the direction ϕ1 to the direction
ϕM is assumed to be Yϕ. Further, an Hermitian transposed matrix of the matrix Yϕ is assumed to be Yϕ

H.
[0087] At this time, when the matrix H’(ω) is defined as indicated in the following formula (19), the vector Pl(ω) indicated
in formula (15) can be represented by the following formula (20).
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[Math. 19] 

[Math. 20] 

[0088] Note that the vector B’(ω) = H’(ω)D’(ω) holds in formula (20).
[0089] In formula (19), a calculation for diagonalizing the matrix H(ω) including the HRTF, in more detail, the HRTF in
the time frequency domain is performed by the annular harmonic function transformation. Further, it is understood that
in a calculation of formula (20), the convolution operation of the speaker driving signal and the HRTF is performed in
the annular harmonic domain. Note that the matrix H’(ω) can be calculated and held previously.
[0090] Even in this case, when the driving signal Pl(ϕj, ω) of the left headphone at the time when the head of the
listener is directed to the direction ϕj is calculated, the row corresponding to the direction ϕj of the head of the listener,
that is, a row including the annular harmonic function Ym(ϕj) has only to be selected from the matrix Yϕ of the annular
harmonic function to calculate formula (20).
[0091] Here, when the matrix H(ω) can be diagonalized, that is, when the matrix H(ω) is sufficiently diagonalized by
the above-described formula (19), at the time of calculating the driving signal Pl(ϕj, ω) of the left headphone, only a
calculation indicated in the following formula (21) is performed. This process permits the operation amount and the
required amount of memory to be reduced substantially. To be noted, hereinafter, assuming that the matrix H(ω) can
be diagonalized and the matrix H’(ω) is a diagonal matrix, the descriptions are continued.
[Math. 21] 

[0092] In formula (21), H’m(ω) represents one element of the matrix H’(ω) that is a diagonal matrix, that is, the HRTF
in the annular harmonic domain that is a component (element) corresponding to the direction ϕj of the head in the matrix
H’(ω). m of the HRTF H’m(ω) represents an order m of the annular harmonic function.
[0093] In a similar manner, Ym(ϕj) represents the annular harmonic function that is one element of the row corresponding
to the direction ϕj of the head in the matrix Yϕ.
[0094] In the operation indicated in the above-described formula (21), the operation amount is reduced as illustrated
in FIG. 6. In other words, the calculation illustrated in formula (20) is the matrix operation of the matrix Yϕ of M 3 K, the
matrix Yϕ

H of K 3 M, the matrix H(ω) of M 3 L, the matrix Yα of L 3 K, and the vector D’(ω) of K 3 1 as indicated with
an arrow A21 of FIG. 6.
[0095] Here, Yϕ

HH(ω)Yα is the matrix H’(ω) as defined in formula (19), and therefore the calculation indicated with the
arrow A21 is as indicated with an arrow A22 in the result. In particular, the calculation for obtaining the matrix H’(ω) can
be performed offline, or previously. Therefore, when the matrix H’(ω) is previously obtained and held, the operation
amount at the time of obtaining the driving signal of the headphones online can be reduced for the matrix H’(ω).
[0096] Further, in the calculation of formula (19), that is, in the calculation for obtaining the matrix H’(ω), the matrix
H(ω) is diagonalized. Therefore, the matrix H’(ω) is a matrix of K 3 K as indicated with the arrow A22, but is substantially
a matrix having only a diagonal component expressed by a shaded portion depending on the diagonalization. In other
words, in the matrix H’(ω), values of elements other than the diagonal component are zero and the subsequent operation
amount can be reduced substantially.
[0097] In a case in which the matrix H’(ω) is previously obtained in this manner, when the driving signal of the head-
phones is actually obtained, the calculation indicated with the arrow A22 and the arrow A23, that is, the calculation of
the above-described formula (21) is performed.
[0098] Specifically, on the basis of the matrix H’(ω) and the vector D’(ω) including the input input signal D’m(ω) as
indicated with the arrow A22, the vector B’(ω) of K 3 1 is calculated online.
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[0099] Then, the row corresponding to the direction ϕj of the head of the listener is selected from the matrix Yϕ as
indicated with the arrow A23. The driving signal Pl(ϕj, ω) of the left headphone is calculated through the matrix operation
of the selected row and the vector B’(ω). In FIG. 6, the shaded portion of the matrix Yϕ expresses the row corresponding
to the direction ϕj and an element constituting the row is the annular harmonic function Ym(ϕj) represented by formula (21) .

<Reduction in Operation Amount etc. According to Present Technology>

[0100] Here, with reference to FIG. 7, with respect to the product-sum operation amount and the required amount of
memory, a method (hereinafter, also referred to as a proposed method) according to the present technology described
above and a method (hereinafter, also referred to as an extended method) in which the head tracking function is added
to the general method are compared.
[0101] For example, when a length of the vector D’(ω) is set to K and the matrix H(ω) of the HRTF is set to M 3 L, the
matrix Yα of the annular harmonic function is L 3 K, the matrix Yϕ is M 3 K, and the matrix H’(ω) is K 3 K.
[0102] Here, in the extended method, as indicated with an arrow A31 of FIG. 7, for bin of each time frequency ω
(hereinafter, also referred to as a time frequency bin ω), the product-sum operation of L 3 K occurs in a process of
transforming the vector D’(ω) to the time frequency domain and the product-sum operation occurs by 2L by the convolution
operation of the HRTFs of left and right.
[0103] Accordingly, a total of the number of times of the product-sum operation is (L 3 K + 2L) in a case of the extended
method.
[0104] Further, when each coefficient of the product-sum operation is one byte, the required amount of memory at the
operation according to the extended method is (the number of directions of the held HRTF) 3 two bytes for each time
frequency bin ω and the number of directions of the held HRTF is M 3 L as indicated with the arrow A31 of FIG. 7.
Further, a memory is required by L 3 K bytes in the matrix Yα of the annular harmonic function common to all the time
frequency bins ω.
[0105] Accordingly, when the number of the time frequency bins ω is W, the required amount of memory according to
the extended method is (2 3 M 3 L 3 W + L 3 K) bytes in total.
[0106] In contrast, in the proposed method, the operation indicated with an arrow A32 of FIG. 7 is performed for each
time frequency bin ω.
[0107] Specifically, in the proposed method, for each time frequency bin ω, for one ear, the product-sum operation of
K 3 K occurs in the convolution operation of the vector D’(ω) in the annular harmonic domain and the matrix H’(ω) of
the HRTF and further the product-sum operation occurs by K for a transformation to the time frequency domain.
[0108] Accordingly, a total of the number of times of the product-sum operation is (K 3 K + K) 3 2 in a case of the
proposed method.
[0109] However, when the matrix H(ω) of the HRTF is diagonalized as described above, the product-sum operation
is only K for one ear by the convolution operation of the vector D’(ω) and the matrix H’(ω) of the HRTF, and therefore a
total of the number of times of the product-sum operation is 4K.
[0110] Further, the required amount of memory at the operation according to the proposed method is 2K bytes for
each time frequency bin ω because only a diagonal component of the matrix H’(ω) of the HRTF is enough. Further, a
memory is required by M 3 K bytes in the matrix Yϕ of the annular harmonic function common to all the time frequency
bins ω.
[0111] Accordingly, when the number of the time frequency bins ω is W, the required amount of memory according to
the proposed method is (2 3 K 3 W + M 3 K) bytes in total.
[0112] Now, when the maximum order of the annular harmonic function is assumed to be 12, K = 2 3 12 + 1 = 25
holds. In addition, the number L of the virtual speakers is required to be larger than K and therefore the number L is
assumed to be L = 32.
[0113] In such a case, the product-sum operation amount in the extended method is (L 3 K + 2L) = 32 3 25 + 2 3
32 = 864. In contrast, the product-sum operation amount in the proposed method is 4K = 25 3 4 = 100, and therefore
it is understood that the operation amount is reduced substantially.
[0114] Further, for example, when W = 100 and M = 100 hold, the required amount of memory at the operation is (2
3 M 3 L 3 W + L 3 K) = 2 3 100 3 32 3 100 + 32 3 25 = 640800 in the extended method. In contrast, the required
amount of memory is (2 3 K 3 W + M 3 K) = 2 3 25 3 100 + 100 3 25 = 7500 at the operation in the proposed method
and it is understood that the required amount of memory is reduced substantially.

<Configuration Example of Audio Processing Apparatus>

[0115] Next, the audio processing apparatus to which the present technology described above is applied will be
described. FIG. 8 is a diagram illustrating a configuration example according to an embodiment of the audio processing
apparatus to which the present technology is applied.
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[0116] An audio processing apparatus 81 illustrated in FIG. 8 includes a head direction sensor section 91, a head
direction selection section 92, an HRTF synthesis section 93, an annular harmonic inverse transformation section 94,
and a time frequency inverse transformation section 95. Note that the audio processing apparatus 81 may be built in
the headphones or be different from the headphones.
[0117] The head direction sensor section 91 includes, for example, an acceleration sensor, an image sensor, or the
like attached to the head of the user as needed, detects a rotation (movement) of the head of the user who is the listener,
and supplies the detection result to the head direction selection section 92. Note that, the term user here is a user who
wears the headphones, that is, a user who listens to a sound reproduced by the headphones on the basis of the driving
signal of the left and right headphones obtained by the time frequency inverse transformation section 95.
[0118] On the basis of the detection results from the head direction sensor section 91, the head direction selection
section 92 obtains a rotation direction of the head of the listener, that is, the direction ϕj of the head of the listener after
the rotation and supplies the direction ϕj to the annular harmonic inverse transformation section 94. In other words, the
head direction selection section 92 acquires the detection result from the head direction sensor section 91, and thereby
acquires the direction ϕj of the head of the user.
[0119] To the HRTF synthesis section 93, the input signal D’m(ω) of each order of the annular harmonic function
regarding each time frequency bin ω that is an audio signal in the annular harmonic domain is supplied from the outside.
Further, the HRTF synthesis section 93 holds the matrix H’(ω) including the HRTF previously obtained by the calculation.
[0120] The HRTF synthesis section 93 performs the convolution operation of the supplied input signal D’m(ω) and the
held matrix H’(ω), that is, a matrix of the HRTF diagonalized by the above-described formula (19). Thereby, the HRTF
synthesis section 93 synthesizes the input signal D’m(ω) and the HRTF in the annular harmonic domain and supplies
the vector B’(ω) obtained as a result to the annular harmonic inverse transformation section 94. Note that hereinafter,
an element of the vector B’(ω) is also described as B’m(ω).
[0121] The annular harmonic inverse transformation section 94 previously holds the matrix Yϕ including the annular
harmonic function of each direction. From among rows constituting the matrix Yϕ, the annular harmonic inverse trans-
formation section 94 selects the row corresponding to the direction ϕj supplied by the head direction selection section
92, that is, a row including the annular harmonic function Ym(ϕj) of the above-described formula (21).
[0122] The annular harmonic inverse transformation section 94 calculates a sum of a product of the annular harmonic
function Ym(ϕj) constituting a row of the matrix Yϕ selected on the basis of the direction ϕj and the element B’m(ω) of the
vector B’(ω) supplied by the HRTF synthesis section 93 and thereby performs the annular harmonic inverse transformation
on an input signal in which the HRTF is synthesized.
[0123] Meanwhile, the convolution operation of the HRTF in the HRTF synthesis section 93 and the annular harmonic
inverse transformation in the annular harmonic inverse transformation section 94 are performed in each of the left and
right headphones. Through this process, in the annular harmonic inverse transformation section 94, the driving signal
Pl(ϕj, ω) of the left headphone in the time frequency domain and the driving signal Pr(ϕj, ω) of the right headphone in
the time frequency domain are obtained for each time frequency bin ω.
[0124] The annular harmonic inverse transformation section 94 supplies the driving signal Pl(ϕj, ω) and the driving
signal Pr(ϕj, ω) of the left and right headphones obtained by the annular harmonic inverse transformation to the time
frequency inverse transformation section 95.
[0125] The time frequency inverse transformation section 95 performs the time frequency inverse transformation on
the driving signal in the time frequency domain supplied by the annular harmonic inverse transformation section 94 for
each of the left and right headphones. Thereby, the time frequency inverse transformation section 95 obtains the driving
signal pl(ϕj, t) of the left headphone in the time domain and the driving signal pr(ϕj, t) of the right headphone in the time
domain and outputs the above driving signals to the subsequent stage. In a reproduction apparatus that reproduces a
sound in two channels, such as the headphones in the subsequent stage, in more detail, the headphones including
earphones, a sound is reproduced on the basis of the driving signal output from the time frequency inverse transformation
section 95.

<Description of Driving Signal Generation Processing>

[0126] Subsequently, driving signal generation processing performed by the audio processing apparatus 81 will be
described with reference to a flowchart of FIG. 9. The driving signal generation processing is started when the input
signal D’m(ω) is supplied from the outside.
[0127] In step S11, the head direction sensor section 91 detects the rotation of the head of the user who is the listener
and supplies the detection result to the head direction selection section 92.
[0128] In step S12, the head direction selection section 92 obtains the direction ϕj of the head of the listener on the
basis of the detection result from the head direction sensor section 91 and supplies the direction ϕj to the annular
harmonic inverse transformation section 94.
[0129] In step S13, the HRTF synthesis section 93 convolutes the HRTF H’m(ω) constituting the previously held matrix
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H’(ω) to the supplied input signal D’m(ω) and supplies the vector B’(ω) obtained as a result to the annular harmonic
inverse transformation section 94.
[0130] In step S13, in the annular harmonic domain, a calculation of a product of the matrix H’(ω) including the HRTF
H’m(ω) and the vector D’(ω) including the input signal D’m(ω), that is, a calculation for obtaining H’m(ω)D’m(ω) of the
above-described formula (21) is performed.
[0131] In step S14, the annular harmonic inverse transformation section 94 performs the annular harmonic inverse
transformation on the vector B’(ω) supplied by the HRTF synthesis section 93 and generates the driving signals of the
left and right headphones on the basis of the previously held matrix Yϕ and the direction ϕj supplied by the head direction
selection section 92.
[0132] Specifically, the annular harmonic inverse transformation section 94 selects the row corresponding to the
direction ϕj from the matrix Yϕ and calculates formula (21) on the basis of the annular harmonic function Ym(ϕj) constituting
the selected row and the element B’m(ω) constituting the vector B’(ω) to thereby calculate the driving signal Pl(ϕj, ω) of
the left headphone. In addition, the annular harmonic inverse transformation section 94 performs the operation on the
right headphone similarly to a case of the left headphone and calculates the driving signal Pr(ϕj, ω) of the right headphone.
[0133] The annular harmonic inverse transformation section 94 supplies the driving signal Pl(ϕj, ω) and the driving
signal Pr(ϕj, ω) of the left and right headphones obtained in this manner to the time frequency inverse transformation
section 95.
[0134] In step S15, in each of the left and right headphones, the time frequency inverse transformation section 95
performs the time frequency inverse transformation on the driving signal in the time frequency domain supplied by the
annular harmonic inverse transformation section 94 and calculates the driving signal pl(ϕj, t) of the left headphone and
the driving signal pr(ϕj, t) of the right headphone. As the time frequency inverse transformation, for example, an inverse
discrete Fourier transformation is performed.
[0135] The time frequency inverse transformation section 95 outputs the driving signal pl(ϕj, t) and the driving signal
pr(ϕj, t) in the time domain obtained in this manner to the left and right headphones, and the driving signal generation
processing ends.
[0136] As described above, the audio processing apparatus 81 convolutes the HRTF to the input signal in the annular
harmonic domain and performs the annular harmonic inverse transformation on the convolution result to calculate the
driving signals of the left and right headphones.
[0137] In this manner, the convolution operation of the HRTF is performed in the annular harmonic domain and thereby
the operation amount at the time of generating the driving signals of the headphones can be reduced substantially. At
the same time, the required amount of memory at the operation can also be reduced substantially. In other words, a
sound can be reproduced more efficiently.

<Modification Example 1 of First Embodiment>

<Cutoff of Order for each Time Frequency>

[0138] Incidentally, it is understood that the HRTF H(u(ϕj)-1xi, ω) constituting the matrix H(ω) varies in a necessary
order in the annular harmonic domain. The above fact is written, for example, in "Efficient Real Spherical Harmonic
Representation of Head-Related Transfer Functions (Griffin D. Romigh et. al., 2015)" or the like.
[0139] For example, among diagonal components of the matrix H’(ω) of the HRTF, if the necessary order m = N(ω) is
understood in each time frequency bin ω, the operation amount can be reduced by, for example, obtaining the driving
signal Pl(ϕj, ω) of the left headphone by the calculation of the following formula (22). The right headphone is similar to
the left headphone in the above matter.
[Math. 22] 

[0140] The calculation of formula (22) is basically the same as that of formula (21). However, both are different in that
with respect to a range of an addition object according to ∑, the order m = -N to N holds in formula (21) while the order
m = -N(ω) to N(ω) (N ≥ N(ω)) holds in formula (22).
[0141] In this case, for example, in the HRTF synthesis section 93 as illustrated in FIG. 10, only a portion of the diagonal
components of the matrix H’(ω), that is, only each element of the order m = -N(ω) to N(ω) is used in the convolution
operation. Note that in FIG. 10, the same sign as that of FIG. 8 is given to a portion corresponding to that of FIG. 8 and
the descriptions are omitted arbitrarily.
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[0142] In FIG. 10, a rectangle in which a character "H’(ω)" is written represents the diagonal component of the matrix
H’(ω) of each time frequency bin ω held by the HRTF synthesis section 93. A shaded portion of the diagonal components
represents an element part of the necessary order m, that is, the order -N(ω) to the order N(ω).
[0143] In such a case, in step S13 and step S14 of FIG. 9, the convolution operation of the HRTF and the annular
harmonic inverse transformation are performed in accordance with not the calculation of formula (21) but the calculation
of formula (22).
[0144] In this manner, the convolution operation is performed by using only components (elements) of the necessary
orders in the matrix H’(ω) and the convolution operation is not performed by using the components of the other orders.
This process permits the operation amount and the required amount of memory to be further reduced. Note that the
necessary order in the matrix H’(ω) can be set for each time frequency bin ω. In other words, the necessary order in the
matrix H’(ω) may be set for each time frequency bin ω or a common order may be set as the necessary order for all the
time frequency bins ω.
[0145] Here, the operation amount and the required amount of memory in cases of performing the general method,
the above-described proposed method, and further the operation using only the component of the necessary order m
by the proposed method are illustrated in FIG. 11.
[0146] In FIG. 11, a column of the "Order of annular harmonic function" represents a value of the maximum order |m|
= N of the annular harmonic function and a column of the "Required number of virtual speakers" represents the minimum
number of the virtual speakers required to correctly reproduce a sound field.
[0147] In addition, a column of the "Operation amount (general method)" represents the number of times of the product-
sum operation required to generate the driving signal of the headphones by the general method. A column of the
"Operation amount (proposed method)" represents the number of times of the product-sum operation required to generate
the driving signal of the headphones by the proposed method.
[0148] Further, a column of the "operation amount (proposed method/order -2)" represents the number of times of the
product-sum operation required to generate the driving signal of the headphones in accordance with the operation using
the proposed method and the orders up to the order N(ω). The above example is an example in which a higher first
order and second order of the order m are particularly cut off and not operated.
[0149] Here, in the column of each operation amount in a case of performing the general method, the proposed method,
and the operation using the orders up to the order N(ω) by the proposed method, the number of times of the product-
sum operation for each time frequency bin ω is written.
[0150] Further, a column of the "Memory (general method)" represents the memory amount required to generate the
driving signal of the headphones by using the general method. A column of the "Memory (proposed method)" represents
the memory amount required to generate the driving signal of the headphones by using the proposed method.
[0151] Further, a column of the "Memory (proposed method/order -2)" represents the memory amount required to
generate the driving signal of the headphones by the operation using the orders up to the order N(ω) by the proposed
method. The above example is an example in which a higher first order and second order of the order |m| are particularly
cut off and not operated.
[0152] Note that a column in which a sign "**" is written in FIG. 11 represents that since the order -2 is negative, the
calculation is performed with the order N = 0.
[0153] In an example illustrated in FIG. 11, for example, when taking notice of a column of the operation amount in
the order N = 4, the operation amount is 36 in the proposed method. In contrast, in a case in which the order N = 4 holds
and the order necessary for a certain time frequency bin ω is N(ω) = 2, when the orders up to the order N(ω) are used
for the calculation by the proposed method, the operation amount is 4K = 4(2 3 2 + 1) = 20. Accordingly, it is understood
that the operation amount can be reduced to 55% as compared to a case in which the original order N is 4.

<Second Embodiment>

<Reduction in Required Amount of Memory regarding HRTF>

[0154] Incidentally, the HRTF is a filter formed through diffraction or reflection of the head, the auricles, or the like of
the listener, and therefore the HRTF is different depending on an individual listener. Therefore, an optimization of the
HRTF to the individual is important for the binaural reproduction.
[0155] However, from the viewpoint of the memory amount, it is not appropriate to hold the HRTFs of the individuals
in number corresponding to the listeners assumed. The above fact is applicable to even a case in which the HRTF is
held in the annular harmonic domain.
[0156] In a case in which the HRTF optimized to the individual is assumed to be used in the reproduction system to
which the proposed method is applied, if the order that does not depend on the individual and the order that depends
on the individual are previously specified for each time frequency bin ω or all the time frequency bins ω, the number of
necessary individual dependence parameters can be reduced. Further, on the occasion when the HRTF of the individual
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listener is estimated on the basis of a body shape or the like, it is considered that an individual dependence coefficient
(HRTF) in the annular harmonic domain is set as an objective variable.
[0157] Here, the order that depends on the individual is the order m that is largely different in transfer characteristics
for each individual user, that is, the order m that is different in the HRTF H’m(ω) for each user. In contrast, the order that
does not depend on the individual is the order m of the HRTF H’m(ω) in which a difference in transfer characteristics
among individuals is sufficiently small.
[0158] In a case in which the matrix H’(ω) is generated from the HRTF of the order that does not depend on the
individual and the HRTF of the order that depends on the individual in this manner, the HRTF of the order that depends
on the individual is acquired by some sort of method as illustrated in FIG. 12, for example, in the example of the audio
processing apparatus 81 illustrated in FIG. 8. Note that in FIG. 12, the same sign as that of FIG. 8 is given to a portion
corresponding to that of FIG. 8 and the descriptions are omitted arbitrarily.
[0159] In the example of FIG. 12, a rectangle in which the character "H’(ω)" is written expresses the diagonal component
of the matrix H’(ω) for the time frequency bin ω. A shaded portion of the diagonal component expresses a portion
previously held in the audio processing apparatus 81, that is, a portion of the HRTF H’m(ω) of the order that does not
depend on the individual. In contrast, a portion indicated with an arrow A91 in the diagonal component expresses a
portion of the HRTF H’m(ω) of the order that depends on the individual.
[0160] In this example, the HRTF H’m(ω) of the order that does not depend on the individual, which is expressed by
the shaded portion of the diagonal component, is the HRTF used in common for all the users. In contrast, the HRTF
H’m(ω) of the order that depends on the individual, which is indicated by the arrow A91, is the different HRTF that varies
depending on the individual user, such as the HRTF optimized for each individual user.
[0161] The audio processing apparatus 81 acquires from the outside the HRTF H’m(ω) of the order that depends on
the individual, which is expressed by a rectangle in which characters "individual dependence coefficient" are written.
The audio processing apparatus 81 then generates the diagonal component of the matrix H’(ω) from the acquired HRTF
H’m(ω) and the previously held HRTF H’m(ω) of the order that does not depend on the individual and supplies the diagonal
component of the matrix H’(ω) to the HRTF synthesis section 93.
[0162] Meanwhile, here, there is described an example in which the matrix H’(ω) includes the HRTF used in common
for all the users and the HRTF that varies depending on the user. However, the matrix H’(ω) may be a matrix in which
all the elements that are not zero are different for different users. Further, the same matrix H’ (ω) may be used in common
for all the users.
[0163] Further, the generated matrix H’(ω) may include a different element for each time frequency bin ω as illustrated
in FIG. 13 and an element for which the operation is performed may be different for each time frequency bin ω as
illustrated in FIG. 14. Note that in FIG. 14, the same sign as that of FIG. 8 is given to a portion corresponding to that of
FIG. 8 and the descriptions are omitted arbitrarily.
[0164] In FIG. 13, rectangles in which the character "H’(ω)" is written expresses the diagonal components of the matrix
H’(ω) of the predetermined time frequency bin ω, which are indicated by an arrow A101 to an arrow A106. In addition,
the shaded portions of the above diagonal components express element parts of the necessary order m.
[0165] In an example indicated by each of the arrows A101 to A103, in the diagonal component of the matrix H’(ω),
a part including elements adjacent to each other is an element part of the necessary order, and a position (domain) of
the element part in the diagonal component is different among the examples.
[0166] In contrast, in an example indicated by each of the arrows A104 to A106, in the diagonal component of the
matrix H’(ω), a plurality of parts including elements adjacent to each other are element parts of the necessary order. In
the above examples, the number, positions, or sizes of the parts including elements required for the diagonal component
are different among the examples.
[0167] Further, as illustrated in FIG. 14, the audio processing apparatus 81 has, as a database, information indicating
the order m necessary for each time frequency bin ω at the same time, in addition to a database of the HRTF diagonalized
by the annular harmonic function transformation, that is, the matrix H’(ω) of each time frequency bin ω.
[0168] In FIG. 14, the rectangle in which the character "H’(ω)" is written expresses the diagonal component of the
matrix H’(ω) for each time frequency bin ω held in the HRTF synthesis section 93. The shaded portions of the above
diagonal components express the element parts of the necessary order m.
[0169] In this case, in the HRTF synthesis section 93, a product of the HRTF and the input signal D’m(ω) is obtained,
for example, for each time frequency bin ω, from the order -N(ω) to the order m = N(ω) necessary for the time frequency
bin ω. In other words, the calculation of H’m(ω)D’m(ω) in the above-described formula (22) is performed. This process
permits the calculation of an unnecessary order to be reduced in the HRTF synthesis section 93.

<Configuration Example of Audio Processing Apparatus>

[0170] In a case of generating the matrix H’(ω), the audio processing apparatus 81 is configured, for example, as
illustrated in FIG. 15. Note that in FIG. 15, the same sign as that of FIG. 8 is given to a portion corresponding to that of
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FIG. 8 and the descriptions are omitted arbitrarily.
[0171] The audio processing apparatus 81 illustrated in FIG. 15 includes the head direction sensor section 91, the
head direction selection section 92, a matrix generation section 201, the HRTF synthesis section 93, the annular harmonic
inverse transformation section 94, and the time frequency inverse transformation section 95.
[0172] The configuration of the audio processing apparatus 81 illustrated in FIG. 15 is a configuration in which the
matrix generation section 201 is further formed in addition to the audio processing apparatus 81 illustrated in FIG. 8.
[0173] The matrix generation section 201 previously holds the HRTF of the order that does not depend on the individual
and acquires from the outside the HRTF of the order that depends on the individual. The matrix generation section 201
generates the matrix H’(ω) from the acquired HRTF and the previously held HRTF of the order that does not depend on
the individual and supplies the matrix H’(ω) to the HRTF synthesis section 93.

<Description of Driving Signal Generation Processing>

[0174] Subsequently, the driving signal generation processing performed by the audio processing apparatus 81 having
the configuration illustrated in FIG. 15 will be described with reference to a flowchart of FIG. 16.
[0175] In step S71, the matrix generation section 201 performs user setting. In accordance with an input operation or
the like by the user or the like, for example, the matrix generation section 201 performs the user setting for specifying
information regarding the listener who listens to a sound to be reproduced this time.
[0176] Then, in accordance with the user setting, the matrix generation section 201 acquires the HRTF of the user of
the order that depends on the individual regarding the listener who listens to a sound to be reproduced this time, that
is, the user from the outside apparatuses or the like. Meanwhile, the HRTF of the user may be, for example, specified
by the input operation by the user or the like at the time of the user setting or may be determined on the basis of the
information determined by the user setting.
[0177] In step S72, the matrix generation section 201 generates the matrix H’(ω) of the HRTF and supplies the matrix
H’(ω) of the HRTF to the HRTF synthesis section 93.
[0178] Specifically, when acquiring the HRTF of the order that depends on the individual, the matrix generation section
201 generates the matrix H’(ω) from the acquired HRTF and the previously held HRTF of the order that does not depend
on the individual and supplies the matrix H’(ω) to the HRTF synthesis section 93. At this time, the matrix generation
section 201 generates for each time frequency bin ω the matrix H’(ω) including only the elements of the necessary order
on the basis of the information indicating the necessary order m for each of the previously held time frequency bins ω.
[0179] Then, the processes of step S73 to step S77 are performed and the driving signal generation processing ends.
The above processes are similar to those of step S11 to step S15 of FIG. 9 and therefore the description is omitted. In
the step S73 to the step S77, the HRTF is convoluted to the input signal in the annular harmonic domain and the driving
signal of the headphones is generated. Note that the generation of the matrix H’ (ω) may be previously performed or
may be performed after the input signal is supplied.
[0180] As described above, the audio processing apparatus 81 convolutes the HRTF to the input signal in the annular
harmonic domain and performs the annular harmonic inverse transformation on the convolution result to calculate the
driving signals of the left and right headphones.
[0181] As described above, the convolution operation of the HRTF is performed in the annular harmonic domain and
thereby the operation amount at the time of generating the driving signal of the headphones can be reduced substantially.
At the same time, even the memory amount required at the operation can be reduced substantially. In other words, a
sound can be reproduced more efficiently.
[0182] In particular, the audio processing apparatus 81 acquires the HRTF of the order that depends on the individual
from the outside and generates the matrix H’(ω). Therefore, not only the memory amount can be further reduced but
also the sound field can be reproduced appropriately by using the HRTF suitable for the individual user.
[0183] Meanwhile, here, there has been described an example in which a technology in which the HRTF of the order
that depends on the individual is acquired from the outside and the matrix H’(ω) including only the elements of the
necessary order is generated is applied to the audio processing apparatus 81. However, not limited to such an example,
the unnecessary order need not be reduced.

<Target Input and HRTF Group>

[0184] Incidentally, in the above-described discussion, there is not taken into account what kind of plane virtual speakers
are annularly arranged on with respect to the held HRTF and an initial head direction.
[0185] For example, the arrangement position of the virtual speakers with respect to the held HRTF and an initial head
position may be on a horizontal plane as indicated with an arrow A111, on a median plane as indicated with an arrow
A112, or on a coronary plane as indicated with an arrow A113 of FIG. 17. In other words, the virtual speakers may be
arranged in any ring (hereinafter, referred to as a ring A) in which the center of the head of the listener is centered.
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[0186] In an example indicated with the arrow A111, the virtual speakers are annularly arranged in a ring RG11 on
the horizontal plane in which the head of a user U11 is centered. Further, in an example indicated with the arrow A112,
the virtual speakers are annularly arranged in a ring RG12 on the median plane in which the head of the user U11 is
centered, and in an example indicated with the arrow A113, the virtual speakers are annularly arranged in a ring RG13
on the coronary plane in which the head of the user U11 is centered.
[0187] Further, as illustrated in FIG. 18, for example, the arrangement position of the virtual speakers with respect to
the held HRTF and the initial head direction may be set to a position in which a certain ring A is moved in a direction
perpendicular to a plane in which the ring A is contained. Hereinafter, a ring obtained by moving such a ring A is referred
to as a ring B. Note that in FIG. 18, the same sign as that of FIG. 17 is given to a portion corresponding to that of FIG.
17 and the descriptions are omitted arbitrarily.
[0188] In an example indicated with an arrow A121 of FIG. 18, the virtual speakers are annularly arranged in a ring
RG21 or a ring RG22 obtained by moving the ring RG11 on the horizontal plane in which the head of the user U11 is
centered in the vertical direction in the figure. In this example, the ring RG21 or the ring RG22 is the ring B.
[0189] Further, in an example indicated with an arrow A122, the virtual speakers are annularly arranged in a ring RG23
or a ring RG24 obtained by moving the ring RG12 on the median plane in which the head of the user U11 is centered
in the depth direction in the figure. In an example indicated with an arrow A123, the virtual speakers are annularly
arranged in a ring RG25 or a ring RG26 obtained by moving the ring RG13 on the coronary plane in which the head of
the user U11 is centered in the horizontal direction in the figure.
[0190] Further, in the arrangement of the virtual speakers with respect to the held HRTF and the initial head direction,
as illustrated in FIG. 19, in a case in which an input is received for each of a plurality of rings that array in a predetermined
direction, the above-described system can be assembled in each ring. However, a unit that can be made common such
as a sensor or headphones may be made common arbitrarily. Note that in FIG. 19, the same sign as that of FIG. 18 is
given to a portion corresponding to that of FIG. 18 and the descriptions are omitted arbitrarily.
[0191] In the example indicated with an arrow A131 of FIG. 19, for example, the above-described system can be
assembled in the ring RG11, the ring RG21, and the ring RG22 each that array in the vertical direction in the figure.
Similarly, in the example indicated with an arrow A132, the above-described system can be assembled in the ring RG12,
the ring RG23, and the ring RG24 each that array in the depth direction in the figure. In the example indicated with an
arrow A133, the above-described system can be assembled in the ring RG13, the ring RG25, and the ring RG26 each
that array in the horizontal direction in the figure.
[0192] Further, as illustrated in FIG. 20, in a group (hereinafter, referred to as a ring Adi) of the rings A having a plane
including a certain straight line passing through the center of the head of the user U11 who is the listener, the matrix
H’i(ω) of the diagonalized HRTF can be prepared in plurality. Note that in FIG. 20, the same sign as that of FIG. 19 is
given to a portion corresponding to that of FIG. 19 and the descriptions are omitted arbitrarily.
[0193] In an example illustrated in FIG. 20, for example, in the examples indicated with an arrow A141 to an arrow
A143, a plurality of circles around the head of the user U11 each express each ring Adi.
[0194] In this case, the matrix H’i(ω) of the HRTF is input to any of the ring Adi with respect to the initial head direction.
According to a change in the head direction of the user, a process of selecting the matrix H’i(ω) of the optimal ring Adi
is added to the above-described system.

<Configuration Example of Computer>

[0195] Incidentally, a series of processes described above can be executed by hardware or can be executed by
software. When the series of processes are executed by the software, a program constituting the software is installed
in a computer. Here, the computer includes a computer that is incorporated in dedicated hardware, a computer that can
execute various functions by installing various programs, such as a general-purpose computer.
[0196] FIG. 21 is a block diagram illustrating a configuration example of hardware of a computer for executing the
series of processes described above with a program.
[0197] In the computer, a CPU (Central Processing Unit) 501, a ROM (Read Only Memory) 502, and a RAM (Random
Access Memory) 503 are connected to one another via a bus 504.
[0198] An input/output interface 505 is further connected to the bus 504. An input section 506, an output section 507,
a recording section 508, a communication section 509, and a drive 510 are connected to the input/output interface 505.
[0199] The input section 506 includes a keyboard, a mouse, a microphone, an image pickup device, and the like. The
output section 507 includes a display, a speaker, and the like. The recording section 508 includes a hard disk, a nonvolatile
memory, and the like. The communication section 509 includes a network interface and the like. The drive 510 drives
a removable recording medium 511 such as a magnetic disk, an optical disk, a magnetooptical disk, or a semiconductor
memory.
[0200] In the computer configured as described above, for example, the CPU 501 loads a program recorded in the
recording section 508 via the input/output interface 505 and the bus 504 into the RAM 503 and executes the program
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to carry out the series of processes described above.
[0201] The program executed by the computer (CPU 501) can be provided by, for example, being recorded in the
removable recording medium 511 as a packaged medium or the like. Further, the program can be provided via a wired
or wireless transmission medium such as a local area network, the Internet, and a digital satellite broadcasting.
[0202] In the computer, the program can be installed in the recording section 508 via the input/output interface 505
by an action of inserting the removable recording medium 511 in the drive 510. Further, the program can be received
by the communication section 509 via a wired or wireless transmission medium and installed in the recording section
508. Moreover, the program can be previously installed in the ROM 502 or the recording section 508.
[0203] It is to be noted that the program executed by the computer can be a program for which processes are performed
in a chronological order along the sequence described in this specification or can be a program for which processes are
performed in parallel or at necessary timings such as upon calling.
[0204] Further, embodiments of the present technology are not limited to the above-described embodiments, but
various modifications may be made without departing from the scope of the appended claims.
[0205] For example, the present technology can adopt a cloud computing configuration in which a single function is
processed by a plurality of apparatuses via a network in a distributed and shared manner.
[0206] Moreover, each step described in the above-described flowcharts can be executed by a single apparatus or
can be executed by a plurality of apparatuses in a distributed manner.
[0207] Further, when a single step includes a plurality of processes, the plurality of processes included in the single
step can be executed by a single apparatus or can be executed by a plurality of apparatuses in a distributed manner.
[0208] Further, the advantageous effects described in this specification are strictly illustrative and are not limited
thereto, and there may be advantageous effects other than those described in this specification.

[Reference Signs List]

[0209] 81 Audio processing apparatus, 91 Head direction sensor section, 92 Head direction selection section, 93
Head-related transfer function synthesis section, 94 Annular harmonic inverse transformation section, 95 Time frequency
inverse transformation section, 201 Matrix generation section

Claims

1. An audio processing apparatus (81) comprising:
a head-related transfer function synthesis section (93) configured to synthesize an input signal, D’m(ω), in an annular
harmonic domain or a portion of an input signal in a spherical harmonic domain corresponding to the annular
harmonic domain and a diagonalized head-related transfer function, wherein a function f(Φ) can be represented in
the annular harmonic domain by an annular harmonic function transformation to the function f(Φ) according to 

YM representing a complex conjugate of an annular harmonic function Ym(φ) = ejmφ of order m; and
an annular harmonic inverse transformation section (94) configured to perform an annular harmonic inverse
transformation on a signal, B’m(ω), obtained by the synthesis on a basis of an annular harmonic function, YΦ,
to thereby generate a headphone driving signal in a time frequency domain, wherein
the head-related transfer function synthesis section (94) is configured to calculate a product of a diagonal matrix,
H’(ω), obtained by diagonalizing a matrix, H(ω), including a plurality of head-related transfer functions by an
annular harmonic function transformation and a vector, D’(ω), including the input signal, D’m(ω), corresponding
to each order m of the annular harmonic function and thereby synthesizes the input signal and the diagonalized
head-related transfer function, wherein the diagonal matrix, H’(ω), is obtained according to H’ (ω) = YΦ

HH(ω)Yα,
wherein Yα includes annular harmonic functions Ym(αi) of different orders and angles αi of virtual speakers, and
YΦ includes annular harmonic functions corresponding to the input signal D’m(ω).

2. The audio processing apparatus (81) according to claim 1, wherein
the head-related transfer function synthesis section (93) is configured to synthesize the input signal and the diago-
nalized head-related transfer function by using only an element of the predetermined order settable for each time
frequency in a diagonal component of the diagonal matrix.
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3.  The audio processing apparatus (81) according to claim 1, wherein
the diagonalized head-related transfer function used in common for users is included as an element in the diagonal
matrix.

4. The audio processing apparatus (81) according to claim 1, wherein
the diagonalized head-related transfer function that depends on an individual user is included as an element in the
diagonal matrix.

5. The audio processing apparatus (81) according to claim 1, further comprising:
a matrix generation section configured to previously hold the diagonalized head-related transfer function that is
common to users, the diagonalized head-related transfer function constituting the diagonal matrix, and acquires the
diagonalized head-related transfer function that depends on an individual user to generate the diagonal matrix from
the acquired diagonalized head-related transfer function and the previously held and diagonalized head-related
transfer function.

6. The audio processing apparatus (81) according to claim 1, wherein
the annular harmonic inverse transformation section (94) is configured to hold an annular harmonic function matrix
including an annular harmonic function in each direction and is configured to perform the annular harmonic inverse
transformation on a basis of a row corresponding to a predetermined direction of the annular harmonic function matrix.

7. The audio processing apparatus (81) according to claim 6, further comprising:

a head direction acquisition section (92) configured to acquire a direction of a head of a user who listens to a
sound based on the headphone driving signal, wherein
the annular harmonic inverse transformation section (94) performs the annular harmonic inverse transformation
on a basis of a row corresponding to the direction of the head of the user in the annular harmonic function matrix.

8. The audio processing apparatus (81) according to claim 7, further comprising:

a head direction sensor section (91) configured to detect a rotation of the head of the user, wherein
the head direction acquisition section (92) acquires a detection result by the head direction sensor section and
thereby acquires the direction of the head of the user.

9. The audio processing apparatus (81) according to claim 1, further comprising:
a time frequency inverse transformation section (95) configured to perform a time frequency inverse transformation
on the headphone driving signal.

10. An audio processing method comprising the steps of:
synthesizing an input signal D’m(ω) in an annular harmonic domain or a portion of an input signal in a spherical
harmonic domain corresponding to the annular harmonic domain and a diagonalized head-related transfer function,
wherein a function f(Φ) can be represented in the annular harmonic domain by an annular harmonic function trans-
formation to the function f(Φ) according to 

YM representing a complex conjugate of an annular harmonic function Ym(φ) = ejmφ of order m; and
performing an annular harmonic inverse transformation on a signal B’m(ω) obtained by the synthesis on a basis
of an annular harmonic function YΦ to thereby generate a headphone driving signal in a time frequency domain,
wherein synthesizing comprises calculating a product of a diagonal matrix, H’(ω), obtained by diagonalizing a
matrix H(ω) including a plurality of head-related transfer functions by an annular harmonic function transformation
and a vector D’(ω) including the input signal D’m(ω) corresponding to each order m of the annular harmonic
function, wherein the diagonal matrix H’(ω) is obtained according to H’(ω) = YΦ

HH(ω)Yα, wherein Yα includes
annular harmonic functions Ym(αi) of different orders and angles αi of virtual speakers, and YΦ includes annular
harmonic functions corresponding to the input signal D’m(ω).

11. A program for causing a computer to execute processing comprising the steps of:
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synthesizing an input signal D’m(ω) in an annular harmonic domain or a portion of an input signal in a spherical
harmonic domain corresponding to the annular harmonic domain and a diagonalized head-related transfer function,
wherein a function f(Φ) can be represented in the annular harmonic domain by an annular harmonic function trans-
formation to the function f(Φ) according to 

Ym representing a complex conjugate of an annular harmonic function Ym(φ) = ejmφ of order m; and
performing an annular harmonic inverse transformation on a signal B’m(ω) obtained by the synthesis on a basis
of an annular harmonic function YΦ to thereby generate a headphone driving signal in a time frequency domain,
wherein synthesizing comprises calculating a product of a diagonal matrix, H’(ω), obtained by diagonalizing a
matrix H(ω) including a plurality of head-related transfer functions by an annular harmonic function transformation
and a vector D’(ω) including the input signal D’m(ω) corresponding to each order m of the annular harmonic
function, wherein the diagonal matrix H’(ω) is obtained according to H’(ω) = YΦ

HH(ω)Yα, wherein Yα includes
annular harmonic functions Ym(αi) of different orders and angles αi of virtual speakers, and YΦ includes annular
harmonic functions corresponding to the input signal D’m(ω)..

Patentansprüche

1. Audioverarbeitungsvorrichtung (81), die Folgendes umfasst:

einen kopfbezogenen Übertragungsfunktions-Syntheseabschnitt (93), der dazu ausgelegt ist, ein Eingangssi-
gnal, D’m(ω), in einem ringförmigen harmonischen Bereich, oder einen Teil eines Eingangssignals in einem
kugelförmigen harmonischen Bereich, der dem ringförmigen harmonischen Bereich und einer diagonalisierten
kopfbezogenen Übertragungsfunktion entspricht, zu synthetisieren,
wobei eine Funktion f(φ) in dem ringförmigen harmonischen Bereich durch eine ringförmige harmonische Funk-
tionstra nsformation zu der Funktion f(φ) repräsentiert werden kann gemäß 

Ym, die eine komplexe Konjugierte einer ringförmigen harmonischen Funktion Ym(φ) = ejmφ der Ordnung
m repräsentiert; und
einen ringförmigen harmonischen Rücktransformationsabschnitt (94), der dazu ausgelegt ist, eine ringför-
mige harmonische Rücktransformation an einem Signal, B’m(ω), durchzuführen, das durch die Synthese
auf der Basis einer ringförmigen harmonischen Funktion, Yφ, erhalten wird, um dadurch ein Kopfhörer-
Ansteuersignal in einem Zeit-/Frequenzbereich zu erzeugen,
wobei der kopfbezogene Übertragungsfunktions-Syntheseabschnitt (94) dazu ausgelegt ist, ein Produkt
einer Diagonalmatrix, H’m(ω), zu berechnen, erhalten durch Diagonalisieren einer Matrix, H(ω), eine Vielzahl
von kofbezogenen Übertragungsfunktionen einschließend, durch eine ringförmige harmonische Funktions-
transformation und einen Vektor, D’(ω), das Eingangssignal, D’m(ω), einschließend, die jeder Ordnung m
der ringförmigen harmonischen Funktion entspricht und dadurch das Eingangssignal und die diagonalisierte
kopfbezogene Übertragungsfunktion synthetisiert,

wobei die Diagonalmatrix, H’(ω), gemäß erhalten  wird,
wobei Yα ringförmige harmonische Funktionen Ym(αi) von unterschiedlichen Ordnungen und Winkeln αi
von virtuellen Lautsprechern einschließt, und Yφ ringförmige harmonische Funktionen einschließt, die dem
Eingangssignal D’m(ω) entsprechen.

2. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1,
wobei der kopfbezogene Übertragungsfunktions-Syntheseabschnitt (93) dazu ausgelegt ist, das Eingangssignal
und die diagonalisierte kopfbezogene Übertragungsfunktion durch Verwenden nur eines Elements der vorbestimm-
ten Ordnung, die für jede Zeitfrequenz in einer diagonalen Komponente der Diagonalmatrix einstellbar ist, zu syn-
thetisieren.
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3. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1,
wobei die diagonalisierte kopfbezogene Übertragungsfunktion, die gemeinsam für Benutzer verwendet wird, als ein
Element in der Diagonalmatrix enthalten ist.

4. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1,
wobei die diagonalisierte kopfbezogene Übertragungsfunktion, die von einem individuellen Benutzer abhängt, als
ein Element in der Diagonalmatrix enthalten ist.

5. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1, die ferner Folgendes umfasst:
einen Matrixerzeugungsabschnitt, der dazu ausgelegt ist, die den Benutzern gemeinsame diagonalisierte kopfbe-
zogene Übertragungsfunktion vorher zu halten, wobei die diagonalisierte kopfbezogene Übertragungsfunktion die
Diagonalmatrix bildet, und die von einem individuellen Benutzer abhängende diagonalisierte kopfbezogene Über-
tragungsfunktion erfasst, um die Diagonalmatrix von der erfassten diagonalisierten kopfbezogenen Übertragungs-
funktion und der vorher gehaltenen und diagonalisierten kopfbezogenen Übertragungsfunktion zu erzeugen.

6. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1,
wobei der ringförmige harmonische Rücktransformationsabschnitt (94) dazu ausgelegt ist, eine Matrix einer ring-
förmigen harmonischen Funktion zu halten, die eine ringförmige harmonische Funktion in jeder Richtung einschließt
und dazu ausgelegt ist, die ringförmige harmonische Rücktransformation auf der Basis einer Reihe durchzuführen,
die einer vorbestimmten Richtung der Matrix der ringförmigen harmonischen Funktion entspricht.

7.  Audioverarbeitungsvorrichtung (81) gemäß Anspruch 6, die ferner Folgendes umfasst:

einen Kopfrichtungs-Erfassungsabschnitt (92), der dazu ausgelegt ist, eine Richtung eines Kopfes eines Be-
nutzers zu erfassen, der einen Sound, basierend auf dem Kopfhörer-Ansteuersignal, hört,
wobei der ringförmige harmonische Rücktransformationsabschnitt (94) die ringförmige harmonische Rücktrans-
formation auf der Basis einer Reihe durchführt, die der Richtung des Kopfes des Benutzers in der Matrix der
ringförmigen harmonischen Funktion entspricht.

8. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 7, die ferner Folgendes umfasst:

einen Kopfrichtungs-Sensorabschnitt (91), der dazu ausgelegt ist, eine Drehung des Kopfes des Benutzers zu
erkennen,
wobei der Kopfrichtungs-Erfassungsabschnitt (92) ein Erfassungsergebnis durch den Kopfrichtungs-Sensorab-
schnitt erfasst und dadurch die Richtung des Kopfes des Benutzers erfasst.

9. Audioverarbeitungsvorrichtung (81) gemäß Anspruch 1, die ferner Folgendes umfasst:
einen Zeit-Frequenz-Rücktransformationsabschnitt (95), der dazu ausgelegt ist, eine Zeit-Frequenz-Rücktransfor-
mation an dem Kopfhörer-Ansteuersignal durchzuführen.

10. Audioverarbeitungsverfahren, das die folgenden Schritte umfasst: Synthetisieren eines Eingangssignals D’m(ω) in
einem ringförmigen harmonischen Bereich, oder eines Teils eines Eingangssignals in einem kugelförmigen harmo-
nischen Bereich, der dem ringförmigen harmonischen Bereich und einer diagonalisierten kopfbezogenen Übertra-
gungsfunktion entspricht,
wobei eine Funktion f(φ)
in dem ringförmigen harmonischen Bereich durch eine ringförmige harmonische Funktionstransformation zu der
Funktion f(φ) repräsentiert werden kann gemäß 

Ym, die eine komplexe Konjugierte einer ringförmigen harmonischen Funktion Ym(φ) = ejmφ der Ordnung m
repräsentiert; und
Durchführen einer ringförmigen harmonischen Rücktransformation an einem Signal B’m(ω),
das durch die Synthese auf der Basis einer ringförmigen harmonischen Funktion Yφ erhalten wird, um dadurch
ein Kopfhörer-Ansteuersignal in einem Zeit-/Frequenzbereich zu erzeugen,
wobei das Synthetisieren das Berechnen eines Produkts einer Diagonalmatrix, H’(ω), einschließt, erhalten durch
Diagonalisieren einer Matrix H(ω), eine Vielzahl von kopfbezogenen Übertragungsfunktionen einschlie-
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ßend,durch eine ringförmige harmonische Funktionstransformation und einen Vektor, D’(ω), das Eingangssig-
nal, D’m(ω), einschließend, die jeder Ordnung m der ringförmigen harmonischen Funktion entspricht,

wobei die Diagonalmatrix H’(ω) gemäß H’(ω) =  erhalten wird,
wobei ringförmige harmonische Funktionen Ym(αi) von unterschiedlichen Ordnungen und Winkeln αi von virtu-
ellen Lautsprechern einschließt, und Yφ ringförmige harmonische Funktionen einschließt, die dem Eingangssi-
gnal Yα D’m(ω) entsprechen.

11. Programm, das einen Computer veranlasst, eine Verarbeitung auszuführen, welche die folgenden Schritte umfasst:

Synthetisieren eines Eingangssignals D’m(ω) in einem ringförmigen harmonischen Bereich, oder eines Teils
eines Eingangssignals in einem kugelförmigen harmonischen Bereich, der dem ringförmigen harmonischen
Bereich und einer diagonalisierten kopfbezogenen Übertragungsfunktion entspricht,
wobei eine Funktion f(φ) in dem ringförmigen harmonischen Bereich durch eine ringförmige harmonische Funk-
tionstransformation zu der Funktion f(φ) repräsentiert werden kann gemäß 

Ym die eine komplexe Konjugierte einer ringförmigen harmonischen Funktion, Ym(φ) = ejmφ der Ordnung
m repräsentiert; und
Durchführen einer ringförmigen harmonischen Rücktransformation an einem Signal B’m(ω), das durch die
Synthese auf der Basis einer ringförmigen harmonischen Funktion Yφ erhalten wird, um dadurch ein Kopf-
hörer-Ansteuersignal in einem Zeit-/Frequenzbereich zu erzeugen,
wobei das Synthetisieren das Berechnen eines Produkts einer Diagonalmatrix, H’(ω), einschließt, erhalten
durch Diagonalisieren einer Matrix H(ω), eine Vielzahl von kopfbezogenen Übertragungsfunktionen ein-
schließend, durch eine ringförmige harmonische Funktionstransformation und einen Vektor, D’(ω), das
Eingangssignal, D’m(ω), einschließend, die jeder Ordnung m der ringförmigen harmonischen Funktion ent-
spricht,

wobei die Diagonalmatrix H’(ω) gemäß H’(ω) =  erhalten wird,
wobei ringförmige harmonische Funktionen Ym(αi) von unterschiedlichen Ordnungen und Winkeln von
unterschiedlichen Ordnungen und Winkeln αi von virtuellen Lautsprechern einschließt, und Yφ ringförmige
harmonische Funktionen einschließt, die dem Eingangssignal Yα D’m(ω) entsprechen.

Revendications

1. Appareil de traitement audio (81) comprenant :
une section de synthèse de fonction de transfert relative à la tête (93) configurée pour synthétiser un signal d’entrée,
D’m(ω), dans un domaine d’harmoniques annulaires ou une partie d’un signal d’entrée dans un domaine d’harmo-
niques sphériques correspondant au domaine d’harmoniques annulaires et une fonction de transfert relative à la
tête diagonalisée, dans lequel une fonction f(Φ) peut être représentée dans le domaine d’harmoniques annulaires
par une transformation de fonction d’harmoniques annulaires pour la fonction f(Φ) selon 

Ym représentant un conjugué complexe d’une fonction d’harmoniques annulaires Ym(φ) = ejmφ d’ordre m ; et
une section de transformation inverse d’harmoniques annulaires (94) configurée pour effectuer une transfor-
mation inverse d’harmoniques annulaires sur un signal, B’m(ω), obtenu par la synthèse sur la base d’une fonction
d’harmoniques annulaires, YΦ, pour générer, de ce fait, un signal de commande de casque d’écoute dans un
domaine de fréquence temporelle, dans lequel
la section de synthèse de fonction de transfert relative à la tête (94) est configurée pour calculer un produit
d’une matrice diagonale, H’(ω), obtenue en diagonalisant une matrice, H(ω), comprenant une pluralité de fonc-
tions de transfert relatives à la tête par une transformation de fonction d’harmoniques annulaires et un vecteur,
D’(ω), comprenant le signal d’entrée, D’m(ω), correspondant à chaque ordre m de la fonction d’harmoniques
annulaires et, de ce fait, synthétise le signal d’entrée et la fonction de transfert relative à la tête diagonalisée,
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dans lequel la matrice diagonale, H’(ω), est obtenue selon H’(ω) = Yφ
HH(ω)Yα, dans lequel Yα comprend des

fonctions d’harmoniques annulaires Ym(αi) de différents ordres et des angles αi de haut-parleurs virtuels, et Yφ
comprend des fonctions d’harmoniques annulaires correspondant au signal d’entrée D’m(ω).

2. Appareil de traitement audio (81) selon la revendication 1, dans lequel
la section de synthèse de fonction de transfert relative à la tête (93) est configurée pour synthétiser le signal d’entrée
et la fonction de transfert relative à la tête diagonalisée en utilisant seulement un élément de l’ordre prédéterminé
pouvant être défini pour chaque fréquence temporelle dans une composante diagonale de la matrice diagonale.

3. Appareil de traitement audio (81) selon la revendication 1, dans lequel
la fonction de transfert relative à la tête diagonalisée utilisée en commun pour des utilisateurs est incluse en tant
qu’élément dans la matrice diagonale.

4. Appareil de traitement audio (81) selon la revendication 1, dans lequel
la fonction de transfert relative à la tête diagonalisée qui dépend d’un utilisateur individuel est incluse en tant
qu’élément dans la matrice diagonale.

5. Appareil de traitement audio (81) selon la revendication 1, comprenant en outre :
une section de génération de matrice configurée pour conserver auparavant la fonction de transfert relative à la
tête diagonalisée qui est commune à des utilisateurs, la fonction de transfert relative à la tête diagonalisée constituant
la matrice diagonale, et acquiert la fonction de transfert relative à la tête diagonalisée qui dépend d’un utilisateur
individuel pour générer la matrice diagonale à partir de la fonction de transfert relative à la tête diagonalisée acquise
et de la fonction de transfert relative à la tête diagonalisée et conservée auparavant.

6. Appareil de traitement audio (81) selon la revendication 1, dans lequel
la section de transformation inverse d’harmoniques annulaires (94) est configurée pour conserver une matrice de
fonction d’harmoniques annulaires comprenant une fonction d’harmoniques annulaires dans chaque direction et
est configurée pour effectuer la transformation inverse d’harmoniques annulaires sur la base d’une rangée corres-
pondant à une direction prédéterminée de la matrice de fonction d’harmoniques annulaires.

7. Appareil de traitement audio (81) selon la revendication 6, comprenant en outre :

une section d’acquisition de direction de tête (92) configurée pour acquérir une direction de la tête d’un utilisateur
qui écoute un son en se basant sur le signal de commande de casque d’écoute, dans lequel
la section de transformation inverse d’harmoniques annulaires (94) effectue la transformation inverse d’harmo-
niques annulaires sur la base d’une rangée correspondant à la direction de la tête de l’utilisateur dans la matrice
de fonction d’harmoniques annulaires.

8. Appareil de traitement audio (81) selon la revendication 7, comprenant en outre :

une section de capteur de direction de tête (91) configurée pour détecter une rotation de la tête de l’utilisateur,
dans lequel
la section d’acquisition de direction de tête (92) acquiert un résultat de détection par la section de capteur de
direction de tête et, de ce fait, acquiert la direction de la tête de l’utilisateur.

9. Appareil de traitement audio (81) selon la revendication 1, comprenant en outre :
une section de transformation inverse de fréquence temporelle (95) configurée pour effectuer une transformation
inverse de fréquence temporelle sur le signal de commande de casque d’écoute.

10. Procédé de traitement audio comprenant les étapes consistant :
à synthétiser un signal d’entrée D’m(ω) dans un domaine d’harmoniques annulaires ou une partie d’un signal d’entrée
dans un domaine d’harmoniques sphériques correspondant au domaine d’harmoniques annulaires et une fonction
de transfert relative à la tête diagonalisée, dans lequel une fonction f(Φ) peut être représentée dans le domaine
d’harmoniques annulaires par une transformation de fonction d’harmoniques annulaires pour la fonction f(Φ) selon 
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Ym représentant un conjugué complexe d’une fonction d’harmoniques annulaires Ym(φ) = ejmφ d’ordre m ; et
à effectuer une transformation inverse d’harmoniques annulaires sur un signal B’m(ω) obtenu par la synthèse
sur une base d’une fonction d’harmoniques annulaires YΦ pour générer, de ce fait, un signal de commande de
casque d’écoute dans un domaine de fréquence temporelle,
dans lequel la synthèse consiste à calculer un produit d’une matrice diagonale, H’(ω), obtenue en diagonalisant
une matrice H(ω) comprenant une pluralité de fonctions de transfert relatives à la tête par une transformation
de fonction d’harmoniques annulaires et un vecteur D’(ω) comprenant le signal d’entrée D’m(ω) correspondant
à chaque ordre m de la fonction d’harmoniques annulaires, dans lequel la matrice diagonale H’(ω) est obtenue
selon H’(ω) = Yφ

HH(ω)Yα, dans lequel Yα comprend des fonctions d’harmoniques annulaires Ym(αi) de différents
ordres et des angles αi de haut-parleurs virtuels, et Yφ comprend des fonctions d’harmoniques annulaires
correspondant au signal d’entrée D’m(ω).

11. Programme pour amener un ordinateur à exécuter un traitement comprenant les étapes consistant :
à synthétiser un signal d’entrée D’m(ω) dans un domaine d’harmoniques annulaires ou une partie d’un signal d’entrée
dans un domaine d’harmoniques sphériques correspondant au domaine d’harmoniques annulaires et une fonction
de transfert relative à la tête diagonalisée, dans lequel une fonction f(Φ) peut être représentée dans le domaine
d’harmoniques annulaires par une transformation de fonction d’harmoniques annulaires pour la fonction f(Φ) selon 

Ym représentant un conjugué complexe d’une fonction d’harmoniques annulaires Ym(φ) = ejmφ d’ordre m ; et
à effectuer une transformation inverse d’harmoniques annulaires sur un signal B’m(ω) obtenu par la synthèse
sur une base d’une fonction d’harmoniques annulaires YΦ pour générer, de ce fait, un signal de commande de
casque d’écoute dans un domaine de fréquence temporelle,
dans lequel la synthèse consiste à calculer un produit d’une matrice diagonale, H’(ω), obtenue en diagonalisant
une matrice H(ω) comprenant une pluralité de fonctions de transfert relatives à la tête par une transformation
de fonction d’harmoniques annulaires et un vecteur D’(ω) comprenant le signal d’entrée D’m(ω) correspondant
à chaque ordre m de la fonction d’harmoniques annulaires, dans lequel la matrice diagonale H’(ω) est obtenue
selon H’(ω) = Yφ

HH(ω)Yα, dans lequel Yα comprend des fonctions d’harmoniques annulaires Ym(αi) de différents
ordres et des angles αi de haut-parleurs virtuels, et Yφ comprend des fonctions d’harmoniques annulaires
correspondant au signal d’entrée D’m(ω).
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