
Note: Within nine months of the publication of the mention of the grant of the European patent in the European Patent
Bulletin, any person may give notice to the European Patent Office of opposition to that patent, in accordance with the
Implementing Regulations. Notice of opposition shall not be deemed to have been filed until the opposition fee has been
paid. (Art. 99(1) European Patent Convention).

Printed by Jouve, 75001 PARIS (FR)

(19)
E

P
1 

49
4 

50
4

B
1

��&������������
(11) EP 1 494 504 B1

(12) EUROPEAN PATENT SPECIFICATION

(45) Date of publication and mention 
of the grant of the patent: 
22.06.2011 Bulletin 2011/25

(21) Application number: 04253936.1

(22) Date of filing: 30.06.2004

(51) Int Cl.:
H04S 3/00 (2006.01)

(54) Audio data processing device, audio data processing method, program for the same, and 
recording medium for the program recorded therein

Vorrichtung und Verfahren zur Verarbeitung von Audiodaten, Programm dafür und Aufnahmemedium 
für das darauf aufgenommene Programm

Dispositif et procédé de traitement de données audio, programme de mise en oeuvre et support 
d’enregistrement sur lequel est enregistré ledit programme

(84) Designated Contracting States: 
DE FR GB

(30) Priority: 04.07.2003 JP 2003192103

(43) Date of publication of application: 
05.01.2005 Bulletin 2005/01

(73) Proprietor: Pioneer Corporation
Kanagawa 212-0031 (JP)

(72) Inventors:  
• Hosoi, Shintaro

c/o Pioneer Corporation
Tokorozawa-shi
Saitama 359-8522 (JP)

• Hamada, Hiroyuki
c/o Pioneer Corporation
Tokorozawa-shi
Saitama 359-8522 (JP)

(74) Representative: Haley, Stephen
Gill Jennings & Every LLP 
The Broadgate Tower 
20 Primrose Street
London EC2A 2ES (GB)

(56) References cited:  
EP-A- 1 267 591 WO-A-01/26412
CA-A1- 1 229 309 US-A- 4 137 510
US-B1- 6 310 652  



EP 1 494 504 B1

2

5

10

15

20

25

30

35

40

45

50

55

Description

[0001] The present invention relates to an audio data processing device, an audio data processing method, a program
for the same, and a recording medium for the program recorded therein.
[0002] There has been known a reproduction system for reproducing multi-channel audio data using a plurality of
speakers. In this reproduction system, for instance, image data is displayed on a monitor with a plurality of speakers
arranged around the audience, and audio data is reproduced from around the audience. The audio data reproduced in
this system is recorded, for instance, in a package medium such as a DVD (Digital Versatile Disc), or is distributed
through a network such as the Internet. The audio data is for sounds produced with a musical instrument or for those
produced by an electronic musical instrument generally called synthesizer, and the data is processed by an audio data
processing device and is recorded in a package medium or distributed through a network.
[0003] In relation to the audio data processing device based on the conventional technology, there has been known
the configuration in which bass mood sounds to be reproduced by a speaker for bass mood sounds are generated. This
audio data processing device fetches, in addition to audio data of independent mood sounds, bass components of the
audio data provided through a main channel such as a center channel or a front channel and outputted for reproduction
by other speakers such as center speaker, right and left front speakers, or right and left surround speakers by making
use of a low-pass filter. The fetched audio data is generated as audio data for bass mood sounds to be provided through
a bass mood sound channel.
[0004] However, in the conventional type of audio data processing device as described above, when bass sound
channel is generated from a main channel such as a center channel or right and left front channel by using a low-pass
filter, there is the possibility that delay occurs due to characteristics of the low-pass filter. When channels from the
speakers are reproduced by the reproduction system, a time difference may occur between a timing for reproducing
and outputting sounds from the main channel and that from the bass mood sound channel because of the delay. Because
of this time delay, a phase difference between the main channel and the bass mood sound channel becomes larger,
which may disable provision of sufficient and comfortable bass mood sounds, and also the sound quality may be degraded
due to the timing mismatch, which is one of the defects of the conventional technology. Other examples of prior art
devices can found disclosed in US-A-4137510 and EP-A-1267591.
[0005] In order to solve the above problems, the present invention provides an audio data processing device for
processing audio data comprising:

a delay processor for delaying said audio data;
a plurality of filters, each filter having different characteristics and only allowing the passage of a pre-specified
frequency band of the audio data;
a filter selecting section arranged to select one of the plurality of filters;
a control section arranged to set, for the delay processor, a delay time corresponding to the selected filter, the control
section further arranged to allow the passage of the pre-specified frequency band of the audio data through the
selected filter and delay, using the delay processor, the audio data not passing through the filter by the delay time
corresponding to the selected filter.

[0006] Said control section may further be arranged to compute the delay time based on a function providing a value
approximate to a value at which the dispersion of group delay characteristics of the selected filter is minimized.
[0007] The audio processing device may further comprise:

a storage section arranged to store the delay time computed based on the function providing a value approximate
to a value at which the dispersion of group delay characteristics of the selected filter is minimized,
wherein said control section reads out from the storage section the delay time corresponding to the selected filter.

[0008] Preferably, said function is a quadratic function for a cut-off frequency filtered off by said filter.
[0009] Preferably, assuming T indicates the delay time and Fc indicates the cut-off frequency, the function is the
following expression (1): 

and in the expression, the coefficient a0, a1 and a2 are the values shown in Table 1 below:
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[0010] Preferably, said control section makes said delay processor execute the delay processing based on a delay
time T computed based on the following expression (2): 

and in the expression, the coefficients e1 and e2 are the values shown in Table 2 below:

[0011] The filter may be a Butterworth type of low-pass filter with the cut-off frequency in the range from 40 Hz to 200 Hz.
[0012] Alternatively, assuming that the time when an amplitude of an impulse response in said filter is the maximum
value is T, said control section delays by the delay processor the audio data by T + 0.15 T.
[0013] The audio data processing device may further comprise:

a storage section arranged to store said fetched audio data together with timing information related to the timing
when the audio data is fetched,
wherein, based on the timing information, said control section has the audio data to be passed through said filter,
which is stored in said storage section, be read out and passed through said filter earlier by the period of time
corresponding to the delay generated when the audio data is passed through said filter.

[0014] Preferably, the delay processor delays the audio data not passing through said filter by the delay time of zero.
[0015] Preferably, said control section fetches a synchronization signal corresponding to the timing when said audio
data is fetched and reads out the audio data stored in said storage section based on the synchronization signal.
[0016] The present invention further provides an audio data processing method of processing audio data comprising
the steps of:

selecting one of a plurality of filters that has different characteristics,
allowing passage of a pre-specified frequency band of the audio data by the selected filter, and
delaying the audio data not passing through the filter by the delay time.

[0017] The present invention further provides an audio data processing program for making a computing section
execute the above audio data processing method.
[0018] Finally, the present invention provides a recording medium with the above audio data processing program

Table 1

a0 a1 a2

1 4.3E - 05 -0.017 1.96

2 2.4E - 04 -0.076 7.44

3 3.1E - 04 -0.10 10.97

4 4.4E - 04 -0.14 14.98

6 6.9E - 04 -0.23 22.92

8 8.6E - 04 -0.29 29.61

Table 2

Order e1 e2

1 0.10 0.15

2 0.10 0.15

3 0.10 0.15

4 0.10 0.15

6 0.10 0.10

8 0.10 0.10
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therein so that the program can be read out by a computing section.
[0019] In the drawings:

Fig. 1 is a block diagram showing a general configuration of a reproducing device related to an embodiment of the
present invention;
Fig. 2 is a block diagram showing a general configuration of a program for a digital signal processing section in the
embodiment;
Fig. 3 is a block diagram showing a general configuration of a mixing effect section in the embodiment;
Fig. 4 is a graph showing a difference between the cases with and without the delaying processing in the relation
to the group delay characteristic and frequencies in the embodiment;
Fig. 5 is a graph showing a relation between an impulse response and a delay time in the embodiment; and
Fig. 6 is a graph showing a difference between the cases with and without the delaying processing in the relation
to the frequency amplitude characteristic and frequencies in the embodiment.

[0020] A reproducing device according to one embodiment of the present invention is described below with reference
to the related drawings. It is to be noted that, although the configuration in which audio data is outputted for reproduction
is described in this embodiment, the present invention is not limited to this configuration, and the configuration is allowable
in which, together with audio data, image data is processed and outputted for reproduction, and in which a so-called
mixer is used for processing and outputting data for reproduction. Further, the configuration is described below in which
a speaker reproduces and outputs audio data, but the present invention can also be applied to the configuration in which
the processed audio data is recorded in a recording medium such as an optical disk and a magnetic disk including a
DVD (Digital Versatile Disc) and a HD (Hard Disk), a magnetic tape, an audio track of a film, memory, or the like, or the
configuration in which the processed audio data is distributed via a network. Fig. 1 is a block diagram showing general
configuration of a reproducing device. Fig. 2 is a block diagram showing general configuration of a digital signal processing
section in the reproducing device as a program. Fig. 3 is a block diagram showing general configuration of a mixing
effect section. Fig. 4 is a graph showing a difference a difference between the cases with and without the delaying
processing in the relation to the group delay characteristic and frequencies. Fig. 6 is a graph showing a difference
between the cases with and without the delaying processing in the relation to the frequency amplitude characteristic
and frequencies.

[Configuration of the reproducing device]

[0021] In Fig. 1, the reference numeral 100 indicates a reproducing device, and the reproducing device 100 processes
audio data and image data so that the audience can watch and listen to them. To the reproducing device 100 are
connected to a plurality of outputting sections 200 for reproducing the processed audio data, namely outputting the data
as voice.
[0022] Respective outputting sections 200 reproduce and output various audio data outputted from the reproducing
device 100. These outputting sections 200 each comprise a DAC (Digital-Analog Converter) 210, an amplifier 220, and
a speaker 230, and in this configuration, a plurality (for example, 6 pairs) of output sections are provided.
[0023] Description of this embodiment assumes the configuration of, for example, the so-called 5.1 channels (5.1 ch)
as the speakers 230 of a plurality of output sections 200 including a center speaker 230C positioned at reference audio
position, namely, substantially at the front of the audience listening to the reproduced audio data; a right front speaker
230R positioned at the right front to the audience; a left front speaker 230L positioned at the left front to the audience;
a right rear speaker 230SR positioned at the right rear to the audience; a left rear speaker 230SL positioned at the left
rear to the audience; and a speaker for bass mood sound 230LFE for reproducing bass components as bass mood
sound corresponding to 0.1 ch. The configurations also can be others such as the one with 6.1 ch in which an additional
rear speaker is positioned substantially at the center (namely, substantially opposite to the center speaker 230C and at
the rear of the audience), or the one with 7.1 ch in which two additional rear speakers are positioned like surround speakers.
[0024] The DAC 210 is connected to the producing device 100, and converts processed digital audio data outputted
from the producing device 100 into analog data. The DAC 210 outputs the audio data converted into analog ones to
each amplifier 220.
[0025] Each amplifier 220 is connected to the DAC 210 and is also connected to the speaker 230. These amplifiers
220 process audio data of analog signals outputted from the DAC 210 so that the data can be outputted from the speaker
230 according to the necessity, and outputs data to the speaker 230 for reproduction.
[0026] On the other hand, the producing device 100 comprises a system microcomputer 300, an input operating
section 400, a monitor 500, and an audio processor 600. The system microcomputer 300 controls operations of the
entire reproducing device 100. To the system microcomputer 300 are connected the input operating section 400, the
monitor 500, and the audio processor 600.
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[0027] The input operating section 400 has a plurality of switches, such as, for example, operation buttons and operation
knobs (not shown) with which input operations can be performed. The input operating section 400 outputs a prespecified
signal to the system microcomputer 300 in response to operations with these switches to input and set various conditions
in the system microcomputer 300. It is to be noted that the description for the input operating section assumes the
configuration in which input and setting is conducted by means of input operations with the switches, but the present
invention is not limited to this configuration, and any configuration is allowable such as the one in which input operations
is conducted through voice input or the like. Further, the configuration also may be the one in which a remote controller
is employed so that a signal corresponding to input operations is transmitted via a radio medium to the system micro-
computer 300 for inputting and setting various conditions.
[0028] In the monitor 500, a liquid crystal, EL (Electro Luminescence) panel or the like is used for a display device.
The monitor 500 displays the processing state, reproducing/outputting conditions and contents of input operations of
audio data under controls by the system microcomputer 300, and based on a signal outputted from the system micro-
computer 300.
[0029] The audio processor 600 processes, under controls by the system microcomputer 300, audio data for repro-
ducing and outputting the same as voice from the speakers 230 of the outputting sections 200. The audio processor
600 comprises a plurality of audio data input terminals 610, a DIR (Digital Interface Receiver) 620 as an audio data
fetching section, a DSP (Digital Signal Processor) 630 as an audio data processing device, and a plurality (for example,
six) of audio data output terminals 660 corresponding to the outputting sections 200.
[0030] It is to be noted that description of this embodiment assumes the configuration in which six units, for example,
of both the outputting sections 200 and the audio data output terminals 660 are provided so that the number of units of
the audio data output terminals 660 corresponds to that of the outputting sections 200, but the configuration also can
be the one in which a part of or all of a plurality of the outputting sections 200 are wireless one capable of transferring
the processed audio data via a radio medium. With the configuration like this, the reproducing device 100 may be provided
with, for example, a transmitting section for transmitting the processed audio data, while the outputting section 200 may
be provided with a receiving section for receiving the audio data.
[0031] The audio data input terminals 610 include the terminals, to each of which a connector or a lead wire detachably
connected to a plug (not shown) is connected. The audio data input terminals 610 are detachably connected to an audio
data output device for outputting audio data, and the audio data input terminals 610 receives the audio data outputted
from this audio data output apparatus. The audio data include, for example, audio data of digital signal converted from
audio data of analog signal outputted from an electronic musical instrument (not shown) with an analog/digital converter,
or audio data of digital signal read out from a recording medium such as an optical disk and a magnetic disk as described
above with a drive of a read-out device.
[0032] The DIR 620 is connected to the audio data input terminals 610. The DIR 620 fetches the audio data inputted
in the audio data input terminals 610 to convert the data according to the necessity, and outputs the data as an audio
data stream to the DSP 630 connected to the DIR 620.
[0033] The audio data output terminals 660 include, for example, the terminals, to each of which a connector or a lead
wire connected to a plug is connected. The audio data output terminals 660 are connected to the DSP 630 as well as
to the DAC 210 of each of the outputting sections 200, and in other words a plurality of the audio data output terminals
660 corresponding to the number of the outputting sections 200 are provided, and the audio data output terminals 660
can be connected to each outputting section 200 via a lead wire. The audio data output terminals 660 then output audio
data outputted from the DSP 630 to the outputting section 200.
[0034] The DSP 630 is connected to the DIR 620, the audio data output terminals 660, and the system microcomputer
300. The DSP 630 is controlled by the system microcomputer 300, fetches stream audio data outputted from the DIR
620, conducts the so-called mixing processing and effect processing for the audio data according to the necessity, and
outputs the audio data to the audio data output terminals 660. The DSP 630 comprises a plurality of input terminals 631
as an audio data fetching section, a data bus 632, a stream data input section 633, a host interface section 634, a
memory 635 as a storing section, a computing section 636 as a controlling section as a computing tool, an audio data
outputting section 637, and a plurality of output terminals 638.
[0035] The input terminals 631 are connected to the DIR 620, and receive an audio data stream outputted from the
DIR 620 corresponding to the audio data inputted from each of the audio data input terminals 610. These input terminals
631 are provided in a plurality in number corresponding to the number of the audio data input terminals 610, and receive
the corresponding audio data stream inputted in each of the audio data input terminals 610 and then processed in and
outputted from the DIR 620
[0036] The data stream inputting section 633 is connected to the input terminals 631 and the data bus 632. The data
stream inputting section 633 fetches an audio data stream inputted from the DIR 620 to the input terminals 631, and
outputs the data to the data bus 632 according to the necessity.
[0037] The host interface section 634 is connected to the system microcomputer 300 and the data bus 632. The host
interface section 634 outputs instructions and commands from the system microcomputer 300 via the data bus 632 to
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the computing section 636, and makes the computing section operate according to the necessity.
[0038] The audio data outputting section 637 is connected to the data bus 632 and the output terminals 638. The
audio data outputting section 637 fetches the audio data processed as described below in the computing section 636
from the data bus 632, and outputs the data to the output terminals 638 according to the necessity.
[0039] The output terminals 638 are provided in a plurality in number corresponding to the number of the input terminals
631. These output terminals 638 output the audio data stream inputted in the input terminals 631 and then outputted
from the audio data outputting section 637 as audio data L, R, LS, RS, C and LFE (Low Frequency Effect) for each
channel reproduced and outputted from the speaker 230 of each outputting section 200. It is to be noted that the audio
data LFE corresponds to 0.1 ch of 5.1 ch, namely, is a channel containing only bass components which are bass mood
sound reproduced and outputted from the speaker 230 LFE for base mood sound, while in turn, though details are
described later, the speaker 230 LFE for base mood sound can also function as a channel, with a switching operation,
for reproducing and outputting audio data as it is, without filtering off sound at a prespecified frequency, like other
speakers 230C, 230F, 230L, 230SR and 230SL.
[0040] The memory 635 has the configuration, for example, in which a recording medium such as an optical disk and
a magnetic disk or a memory card comprises a drive or a driver for recording and reading out various data, and in which
a recording medium is a semiconductor chip capable of storing and reading out various data. The memory 635 is
connected to the data bus 632 and stores therein programs for processing audio data streams according to the necessity,
processing conditions for deference of prespecified stream audio data, and the like. The memory 635 also has, for
example, a data storage area 635A for storing therein an audio data stream as described later.
[0041] The computing section 636 is connected to the data bus 632, and processes stream audio data outputted from
the stream data input section 633 to the data bus 632 based on the programs and processing conditions stored in the
memory 635 in response to a command signal from the system microcomputer 300 according to the necessity.
[0042] The DSP 630 is composed of, as shown in Fig. 2, a controller 710 functioning as a controlling section, the data
storage area 635A of the memory 635, and a mixing effect section 720. Namely, the controller 710 temporarily stores
in the data storage area 635A an audio data stream inputted from each input terminal 631, and also makes the mixing
effect section 720 assign the data to each speaker 230. The mixing effect section 720 comprises, as shown in Fig. 3, a
plurality of, namely, the number of units corresponding to the input terminals 631 of the audio data processing sections
800. These audio data processing sections 800 comprise an output adjusting section 810, an effect processing section
820, a plurality of low-pass filters 830, a filter selecting section 840, a plurality of discrete output adjusting sections 850,
a delay processor 860, and a bass sound processing switching section 870.
[0043] The controller 710 is connected to the memory section 635 as well as to the input terminal 631, and is connected
also to the delay processor 860, filter selecting section 840, and bass sound processing switching section 870 in each
audio data processing section 800 of the mixing effect section 720. The controller 710 fetches a synchronization signal
inputted into any of the input terminals 631, and has audio data streams inputted to other input terminals 631 temporally
stored in a data storage area 635A of the memory section 635 based on this synchronization signal. This synchronization
signal is a signal for synchronous output of audio data from the audio data input terminals 610 at the same timing, and
includes a reference pulse or an internal clock.
[0044] The controller 710 controls, as described in detail below, the delay processing for delaying an audio data stream
read out from the data storage area 635A of the memory 635 based on the synchronization signal by controlling the
delay processor 860 in each audio data processing section 800. The controls include, for instance, the processing for
outputting specified audio data for reproduction based on time information for the specified audio data, when a specified
image is outputted, in synchronism to output of the image, and the processing for synchronously outputting audio data
streams inputted from the audio data input terminals 610 respectively based on the time information included in the
audio data streams.
[0045] Further the controller 710 executes the processing for having an audio data stream outputted from the effect
processing section 820 passed through the specified low-pass filter 830 by controlling the filter selecting section 840 of
each audio data processing section 800. The controller 710 also executes the processing, as described in detail below,
for deciding whether the audio data stream outputted from the effect processing section 820 is to be ordinarily outputted
for reproduction from the specified speaker 230 or to be outputted for reproduction as specified bass mood sounds by
controlling the bass sound processing switching section 870.
[0046] Controls by the system controller 710 over the filter selecting section 840 and the bass sound processing
switching section 870 in each audio data processing section 800 are carried out, for instance, according to specified
control signals which the system microcomputer 300 outputs based on signals outputted in input operations with operation
buttons or operation knobs in the input operating section 400 and in response to input operations from the speakers
230. The computing section recognizes the control signals outputted from the system microcomputer 300 via the host
interface section 634 and the data bus 632, and the controller 710 as a program provides controls for switching based
on the control signals.
[0047] The output adjusting sections 810 of the audio data processing sections 800 in the mixing effect section 720
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are connected to the input terminals 631 respectively to fetch audio data streams inputted to the input terminals 631,
and provide controls for outputting the fetched audio data streams at specified output levels respectively. The output
controls include, for instance, output of a control signal from the system microcomputer 300 for adjusting an output level,
namely a volume of audio data from the speaker 230 in response to an input operation based on signals outputted
corresponding to the input operations with operation buttons or operation knobs in the input operating section 400. The
control signal outputted from the system microcomputer 300 is recognized by the computing section 636 via the host
interface section 634 and the data bus 632, and the output adjusting section 810 as a program controls an output level
for the fetched audio data stream in response to the control signal.
[0048] The effect processing section 820 is connected to the output adjusting section 810, and subjects an audio data
stream outputted from the output adjusting section 810 to the effect processing. More specifically, the effect processing
section 820 changes the sound quality of audio data streams reproduced and outputted from the speakers 230 by
changing tone or adding echo thereto (or the like) through changing the frequency or phase. In the effect processing
section 820, contents of the effect processing is set, for instance, based on a control signal from the system microcomputer
300 in response to an input operation in the input operating section 400 as described above. The effect processing
section 820 divides the audio data streams having been subjected to the effect processing to a plurality of smaller
streams and outputs the divided streams. Namely, the delay processor 860 and the filter selecting section 840 are
connected to the effect processing section 820, and as described in detail below, the effect processing section 820
divides an audio data stream to six minor data streams in correspondence to the number of speakers 230 outputting
the minor data streams respectively, subjects the audio data to the delay processing with the delay processor 860, and
can also execute the processing for extracting bass mood sounds with the filter selecting section 840.
[0049] The low-pass filter 830 (LPF) filters off data having higher frequencies than a reference frequency in an audio
data stream outputted from the effect processing section 820, and allows for passage of data having lower frequencies
than the reference frequency therethrough. A plurality of the low-pass filters 830 are provided corresponding to different
frequency bands so that data in various different frequency bands can be filtered off thereby. Each of the low-pass filters
820 is connected to the filter selecting section 840.
[0050] The filter selecting section 840 is connected to the effect processing section 820, and selects, under control of
the controller 710, any one of the low-pass filters 830 to allow for passage of an audio data stream outputted from the
effect processing section 820 therethrough. The switching control by the controller 710 is carried out, for instance,
according to a control signal from the system microcomputer 300 in response to an input operation in the input operating
section 400.
[0051] The discrete output adjusting section 850 provides controls over volumes of audio data streams reproduced
by the speakers 230 discretely. Also the volume control is carried out, like in the output adjusting section 810, according
to a control signal issued from the system microcomputer 300 in response to an input operation in the input operating
section 400. The discrete output adjusting section 850 to respond to audio data streams reproduced and outputted from
the center speaker 230C, right front speaker 230R, left front speaker 230L, right read speaker 230SR, and left rear
speaker 230SL are provided, for instance, between the delay processing section 860 and the effect processing section
820, and the audio data streams divided by and outputted from the effect processing 820 are subjected to the processing
for volume control and then to the delay processing. On the other hand, the discrete output adjusting section 850 to
respond to audio data streams reproduced and outputted from the speaker 230 LFE for bass mood sounds are provided
at positions where the audio data streams are subjected to volume control after the delay processing or the processing
by the low-pass filter to filter off data having frequencies in a specified frequency band, namely between the delay
processor 860, or low-pass filter 830, and output terminals 638.
[0052] The delay processor 860 comprises a plurality of delay processing sections 861 corresponding, for instance,
to a number of the output sections 200. Each of the delay processing sections 861 in the delay processors 860 executes
the delay processing so that the delay time becomes longer as a distance to the audience becomes shorter with reference
to the speaker 230 located at the furthest position from the audience as a reference position in each output section 200.
Namely, the delay processing is carried out so that the audience can hear audio data streams from the speakers 230
at the same timing. In relation to the delay processing carried out in relation to positions of the speakers 230, also the
configuration in which the delay processing is not carried out by switching is allowable, and therefore the configuration
may be employed in which the audio data output terminal 660 is connected not to the output section 200, but to, for
instance, an output interface for recording processed audio data in various types of recording media in place of switching
operations in the input operating section 400 , or in which a transmitting section for transmitting audio data via a network,
or an encoder is connected thereto.
[0053] The delay processor 860 executes the delay processing under controls by the controller 710 so that the delay
time generally becomes relatively longer in response to a switching operation of the filter selecting section 840. Namely,
in response to a delay generated when the controller 710 switches the bass sound processing switching section 870 to
select the processing for extracting bass sound components from an audio data stream and when the audio data stream
is passed through the low-pass filter 830 selected by the controller 710 by switching the filter selecting section 840,
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audio data streams outputted from other speakers 230 including the center speaker 230C, right front speaker 230R, left
front speaker 230L, right rear speaker 230SR, and left rear speaker 230 SL are delayed to synchronize the timing for
reproducing and outputting the audio data streams to the timing for reproducing and outputting the bass mood sounds
from the speaker 230LFE for bass mood sounds.
[0054] More specifically, the delay time is set by the controller 710 so that the group delay characteristics is flat when
space-synthesized for reproduction, namely so that the relation between a frequency and a group delay is substantially
flat against the frequency when an audio data stream outputted from the speaker 230LFE for bass mood sounds is
synthesized with audio data streams outputted from other speakers 230C, 230R, 230L, 230SR, and 230SL, and the
delay processing is carried out by each delay processing section 861. In a case where the output sections 200 are
connected to the audio data output terminals 660 and also the delay processing to respond to positions of the output
sections 200 is required to be executed, the delay processing is carried out by the delay processing sections 861 based
on signals generated by adding delay times relating to the distances to the audience to the preset delay time.
[0055] When the low-pass filter 830 is a Butterworth type of low-pass filter comprising a ladder-formed LC circuit, the
delay time is computed according to the cut-off frequency, which is a frequency for cutting off, and the number of the
low-pass filters, namely a number of reactors and capacitors connected to the ladder-formed LC circuit, in the matrix
form as shown in Table 3 below based on the Butterworth characteristics. The controller 710 computes the delay time
through the operational expression for computing the delay time.
[0056] Also the configuration is allowable in which a result of computing is stored in the memory section 635 as data
having a matrix-formed tabular structure indicating the cut-off frequencies and a number of low-pass filters 830 as shown
in Table 3, and a delay time corresponding to the selected low-pass filter 830 is read out from the matrix-formed tabular
structure data shown in Table 3.

[0057] As the operational expression is used by the controller 710 for computing, for instance, an operational expression
approximated with a quadratic function shown in the following mathematic expression (1) may be employed in the range
where the cut-off frequency for the Butterworth type of low-pass filter 830 is from 40 Hz to 200 Hz. More specifically, the
mathematic expression (1) approximated by the following quadratic expression for a cut-off frequency and the operational
expression based on the conditions shown in Table 1 are obtained by obtaining an approximate value by plotting as a
function between a cut-off frequency and a number of low-pass filters. In the mathematical expression (1), T indicates
a delay time [ms], Fc indicates a cut-off frequency, and a0, a1, a2 indicates coefficients respectively. In a case of the
Butterworth type of low-pass filter 830, the values of a0, a1, a2 in the range of cut-off frequency from 40 Hz to 200 Hz
are as shown in Table 1. 

Table 1

Order a0 a1 a2

1 4.3E - 05 -0.017 1.96

2 2.4E - 04 -0.076 7.44
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[0058] The operational expression used by the controller 710 for computing is not limited to the mathematical expression
(1) shown in Table 1 above, and the delay time may be set to values within the range provided by the operational
expression shown by the mathematical expression (2) shown below by taking into consideration a tolerance of electrical
characteristics in reactors and capacitors each constituting the low-pass filter 830, and a range in which the audience
feels that sounds are reproduced from the speakers 230 in the synchronous state. Namely, within the range indicated
by the mathematical expression (2), discomfort caused by reproduction and output of bass mood sounds with a delay
is not generated, and the audience has the comfortable feeling when hearing the reproduced sounds. The coefficients
e1 and e2 in the operational expression shown by the mathematical expression (2) are as shown in Table 2 below: 

[0059] Also in a case where the low-pass filter 830 is not of the Butterworth type, as shown in Fig. 5, assuming that
the time point when an amplitude of an impulse response in the low-pass filter 830 is the maximum value is τ, the delay
time T can be computed through the operational expression shown by the following mathematical expression (3). Namely
by executing the delay processing according to the delay time T, the audience does not feel the discomfort due to
reproduction and output of the bass mood sounds with a delay, and feels the comfort when hearing the reproduced sounds. 

 In the above tables, the term "order" refers to a stop band of a filter and is defined as N=|S|/6 (N is rounded and |S| is
the absolute value of S) when attenuation of amplitude-frequency response per one octave is S(dB) frequencies suffi-
ciently apart from cut off frequencies. In general filters such as a Butterworth type, Bessel type Chedyshev type and an
Linkwitz-Riley type, order is defined as an element number of an LC circuit of an equivalent circuit
[0060] As described above, audio data streams subjected to the delay processing according to the delay computed
by the controller 710 and outputted from the delay processor 860 are outputted to the output terminals 638 corresponding
to the speakers 230 respectively.
[0061] The bass sound processing switching section 870 determines, under controls by the controller 710, whether
the audio data reproduced and outputted from the speakers 230 LFE for bass mood sounds is to be outputted as audio
data extracted as bass mood sounds by filtering data with specified frequencies by means of passing the data through
the low-pass filter 830 or as ordinary audio data with the components having specified frequencies not filtered off like
those outputted from other speakers 230C, 230R, 230L, 230SR, and 230SL. Namely the bass sound processing switching

(continued)

Order a0 a1 a2

3 3.1E - 04 -0.10 10.97

4 4.4E - 04 -0.14 14.98

6 6.9E - 04 -0.23 22.92

8 8.6E - 04 -0.29 29.61

Table 2

Order e1 e2

1 0.10 0.15

2 0.10 0.15

3 0.10 0.15

4 0.10 0.15

6 0.10 0.10

8 0.10 0.10
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section 870 is provided between the delay processing section 861 of the delay processor 860 corresponding to the
speaker 230LFE for bass mood sounds or a plurality of low-pass filters 830 and the discrete output adjusting section
850 corresponding to the speaker 230LFE for bass mood sounds. The bass sound processing switching section 870
selects under controls by the controller 710 the delay processing section 861 corresponding to the speaker 230LFE for
bass mood sounds or a plurality of low-pass filters 830 to set a quality of sounds reproduced and outputted from the
speaker 230LFE for bass mood sounds. The switching control for the bass sound processing switching section 870 by
the controller 710 is carried out according a control signal from the system microcomputer 300 issued, for instance, in
response to an input operation in the input operating section 400.
[0062] Operations for reproduction of audio data by the reproducing device are described below.
[0063] At first, as a reproducing device’s operation for reproduction, the operation for processing input audio data to
directly output the audio data from speakers 230 of the output section 200 respectively is described below.
[0064] The speakers 230 are provided with prespecified positional relations within a preset allowable range. The
speakers are connected to the audio data output terminals 660 of the reproducing device 100, and also an audio data
output device such as an electronic musical instrument for outputting audio data or a reader (not shown) is connected
to the audio data input terminal 610. When power is supplied to the reproducing device 100 or the audio data output
device in this state, system microcomputer 300 recognizes various types of input operations in the input operation section
400 by the audience.
[0065] Namely, the computing section 636 recognizes contents of the input operation in the input operating section
by the audience to instruct whether the audio data reproduced by the speaker 230 LFE for bass mood sounds is to be
outputted as bass mood sounds or similarly from the other speakers 230. The controller 710 switches the bass sound
processing switching section 870 according to contents of the input operation. In other words, the bass sounds processing
switching section 870 is switched and connected to either the low-pass filter 830 or the delay processor 860 according
to a control signal from the controller 710.
[0066] The computing section 636 recognizes which of the low-pass filters 830 has been selected and set in corre-
spondence to contents of the setting for bass sounds, namely to the quality of sounds to be reproduced and outputted
in the state where the instruction for outputting the audio data as bass mood sounds has been issued. Then, in response
to the contents of this input operation, the controller 710 makes the filter selecting section 840 operate for switching to
any of the low-pass filters 830.
[0067] The computing section 636 recognizes, when the bass sound processing switching section 870 is switched to
the low-pass filter 830 for outputting the audio data as bass mood sounds from the speaker 230 LFE for bass mood
sounds, the low-pass filter 830 selected by the filter selecting section 840, and computes the delay time for delaying an
audio data stream by the delay processor 860. Namely the computing section 636 reads out the delay time corresponding
to a range of each of the speakers 230 to the audience previously stored in the memory section 635. Further the computing
section 636 reads out the delay time corresponding to a delay time generated when the audio data stream passes
through the low-pass filter 830 in correspondence to the characteristics of the selected low-pass filter 830 from data
previously stored with a matrix-like tabular structure as shown in Table 1. Then the computing section 636 sums up the
delay times read out as described above and sets the total delay time so that the delay processing can be carried out
by the delay processing section 861 in each delay processor 860.
[0068] In addition to the configuration in which a delay time is read out from the data stored in the memory section
635, in a case where an operational expression shown by the mathematical expression (1) or the mathematical expression
(3) is stored in the memory section 635, a delay time generated when an audio data stream passes through the low-
pass filter 830 is computed through the operational expressions. The delay processing may be carried out by adding
the delay time computed as described above to the delay time corresponding to a distance of each speaker from the
audience.
[0069] Further the computing section 636 recognized an output level for reproducing the audio data from each of the
speakers 230, namely contents of an input operation for a volume of output sounds. Then, based on the contents of the
input operation, the controller 710 sets conditions, namely sets prespecified values for volume control in the output
adjusting section 810 and in discrete output adjusting section 850 so that the output level for reproducing the audio data
stream passing therethrough can be adjusted.
[0070] Further the computing section 636 sets a quality of audio data to be reproduced from each of the speakers
230, namely recognizes contents of an input operation for setting the processing for sound effect. Then, based on the
recognized contents of the input operation, the controller 710 sets values for subjecting the audio data to the prespecified
sound effect processing by controlling the sound effect processing section 820 so that the passing audio data stream
can be subjected to the sound effect processing corresponding to the contents of the input operation.
[0071] In this state, when the audio data is outputted from an audio data output device, the audio data is inputted into
the audio data input terminal 610 of the reproducing device 100 to which the audio data output device is connected. The
audio data inputted into each audio data input terminal 610 is subjected to necessary conversion in the DIR 620, and is
outputted as an audio data stream to each DSP 630. In the DPS 630, a plurality of audio data streams fetched by the
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audio data input terminals 610 are fetched by a plurality of input terminals 631 corresponding to the audio data input
terminals 610 respectively. The audio data streams fetched by the input terminals 631 are subjected to processing by
the audio data processing sections 800 in the mixing effect section 720 respectively.
[0072] Namely, the audio data streams inputted into the input terminals 631 are subjected to the processing for output
level adjustment by the output adjusting section 810, namely for controlling the volumes according to the contents
previously set based on control signals from the controller 710 corresponding to an input operation by the audience in
the input operation section 400. Further the audio data streams having been subjected to the processing for volume
control are subjects to the sound effect processing by the sound effect processing section 820, namely converted to
prespecified sound qualities according to the contents of the input operation in the input operation section 400.
[0073] As the filter selecting section 840 and the bass sound processing section/switching 870 are connected to the
low-pass filter 830, the audio data streams outputted from the sound effects processing section 820 pass through the
low-pass filter 830 selected by the filter selecting section 840. When the audio data streams pass through the low-pass
filter 830, frequency components in the audio data streams higher than the preset cut-off frequency are removed from
the audio data streams, and then the audio data streams are outputted to the discrete output adjustment sections 850
connected in the downstream side and corresponding to the speakers 230 LFE for bass mood sounds. The audio data
streams outputted to the discrete output adjusting sections 850 are subjected to the processing for volume control
according to the preset contents corresponding to an input operation in the input operating section 400 and then are
outputted to the output terminals 638, and are combined with data streams outputted from other audio data processing
sections 800.
[0074] The audio data streams having passed through the sound effect processing section 820 are subjected to the
processing for volume control by the discrete output adjusting sections 850 corresponding to the speakers 230C, 230R,
230L, 230SR, and 230SL according to the preset contents corresponding to an input operation in the input operating
section 400, and are outputted to the delay processor 860. The audio data streams outputted to the delay processor
860 are subjected to the delay processing by the delay processing section 861 corresponding to the speakers 230C,
230R, 230L, 230SR, and 230SL according to the delay time previously set for the low-pass filter 830, outputted to the
output terminals 638 connected to the corresponding speakers 230C, 230R, 230L, 230SR, and 230SL, and are combined
with the audio data streams having been subjected to the delay processing and outputted from the audio data processing
sections 800.
[0075] The audio data streams combined in the output terminals 638 with those from the audio data processing sections
800 to be outputted from the output sections 200 respectively are outputted from the audio data output terminals 660 to
DACs 210 of the output sections 200, and are converted to analog signal audio data streams according to the necessity.
Further the audio data streams are amplified by the amplifiers 220 and are reproduced from the speakers 230.
[0076] When it is determined by the computing section 636 based on the recognition of an input operation performed,
for instance, when power is turned that the bass mood sounds are not necessary, the controller 710 simply reads out
the delay times corresponding to positions of the speakers 230 from the memory section 635 and set the values in the
delay processor 860. The determination that bass mood sounds are not necessary is made when it is recognized that
the bass sound processing switching section 870 has been switched and connected to the delay processor 860 instructing
output of audio data not having been subjected to the processing for cutting off audio data at a prespecified frequency
like those outputted from other speakers 230 also from the bass sound speakers 230LFE.
[0077] In this case, the audio data streams outputted from the sound effect processing 820 are sent via the discrete
output adjusting sections 850, or without being subjected to any specific processing to the delay processor 860, because
the bass sound processing switching section 870 is connected to the delay processor 860, and do not pass through the
low-pass filter 830. Then the audio data streams are subjected to the delay processing by the delay processing section
861 in the delay processor 860 according to the delay times corresponding to positions of the speakers 230 and are
sent to the output terminals 638, while the audio data streams having been subjected to the delay processing- according
to the delay time corresponding to a position of the bass sound speaker 230 LFE are sent via the discrete output adjusting
sections 850 to the output terminals 638 and are combined with other audio data streams respectively, and are sent to
the DACs 210 of the output sections 200.

(Processing for reproducing accumulated data)

[0078] Operations of the reproducing device 100 for once storing input audio data and outputting the stored audio
data in synchronism from the speakers 230 for reproduction thereof are described below.
[0079] When power to the reproducing device 100 or the audio output device is turned on after all the necessary
connections have been established, like in the case described above, the system microcomputer 300 recognized various
input operations in the input operating section 400 by the audience. Further the computing section 636 waits for input
or an instruction for storing input audio data in response to an input operation in the input operating section 400.
[0080] When the audio data is outputted from the output device and is inputted into the audio data input terminal 610
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of the reproducing device 100, and audio data is subjected to the processing by the mixing effect section 720 and is
outputted from the speakers 230 for reproduction. While the audio data is being inputted from the audio data input
terminal 610, when the computing section 636 recognizes an instruction for storing the audio data in response to an
input operation by the input operating section 400, the controller 710 stores the audio data stream in a data storage area
635A of the memory section 635 with the time information as timing information for a period of time from a point of time
when storage of the audio data is started according to the synchronization signal until a point of time for termination of
the operation for storing the audio data added thereto.
[0081] The plurality of sets of audio data stored in the memory section 635 as described above are displayed as output
levels being plotted using the horizontal axis for the time and the vertical axis for the output level on a display unit (not
shown) connected, for instance, to the reproducing device 100. When the controller 710 executes various types of
processing such as jointing or overlaying the displayed audio data according to the necessity in response to an input
operation in the input operating section 400 and then outputs the audio data in the processed state, the controller 710
reads out the audio data stream from the data storage area 635A of the memory section 635 based on the time information
added to each audio data stream in response to the display. The controller 710 further subjects the read audio data
streams to the delay processing as described above, output to the output terminals 638 for combining the audio data
streams with other audio data streams, and outputs the combined audio data streams from the speakers 230 of the
respective output sections 200 in the state processed on the display unit.

(Audio data recording)

[0082] Next, the operations of the reproducing device 100 when, for instance, an output interface is connected thereto
for recording processed audio data in a recording medium or distributing the audio data through a network in place of
the output section 200 is described below.
[0083] After all of the necessary connections are established, when power to the reproducing device 100 or the audio
data output device is turned on, like in the case described above, the system microcomputer 300 recognized various
input operations by an operator in the input operating section 400. When it is recognized that an input operation instructing
an operation for recording the processed audio data or distributing the audio data through a network is carried out, the
controller 710 provide controls, as the delay processing in the delay processors 860, to indicate that it is not necessary
to take into consideration the delay processing for a position of each of the speakers 230.
[0084] When the audio data is inputted, if it is necessary to pass the audio data through the low-pass filter 830 as
described above, a prespecified delay time is read out or computed, the audio data is subjected to the delay processing
according to the delay time read out or computed as described above and is outputted to the output terminal 638 to be
combined with other audio data and then to the output interface connected to the audio data output terminal 660.

(Effects and advantages of the reproducing device)

[0085] A result of experiment for a case in which the delay processing is executed and a case in which the delay
processing is not executed when passing audio data through the low-pass filter 830 in the embodiment described above
is described below. Fig. 6 is a graph showing a difference between the cases with and without the delaying processing
in the relation to the frequency amplitude characteristic and frequencies in the embodiment.
[0086] The embodiment described above in which the delay processing is executed and a comparative example in
which the delay processing is carried out taking into consideration only a distance between the audience and each
speaker were compared to each other for the group delay characteristics under the conditions that the Butterworth type
of low-pass filter was used as the low-pass filter 830 and the audio data was passed through the low-pass filter 830 with
the attenuation as shown in Fig. 6. A result of the comparison is shown in Fig. 4. From Fig. 4, it is understood that, by
subjecting the audio data to the delay processing in the same way as that employed in the embodiment taking into
consideration the characteristics of the low-pass filter 830, the group delay characteristics become substantially flat, and
reproduction of the audio data is executed in the excellent state.
[0087] As described above, in the embodiment described above, the controller 710 subjects the audio data outputted
from the speakers 230C, 230R, 230L, 230SE, and 230SL for reproduction without being passed through the low-pass
filter 830 to the delay processing in each delay processing section 861 in the delay processor according to the delay
time which is a delay generated when the audio data is passed through the low-pass filter allowing for passage of audio
data having specified frequencies to be outputted from the specified speaker 230LFE. Because of the configuration as
described above, even when bass components are extracted from the audio data for reproduction and a delay is generated
in the timing for reproduction as compared to other audio data because of the processing for passing the audio data
through the low-pass filter 830, other audio data is delayed according to the delay and can be outputted at the same
timing as that for the bass components for reproduction. Therefore, even if the bass components to be extracted are
switched by a plurality of low-pass filters 830, correct timing for reproduction can be obtained each time, which enables
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reproduction of excellent audio data.
[0088] Then the controller 710 computes the delay time based on the operational expression expressed by the math-
ematical expression (1) providing an approximate value through a function for computing a delay time minimizing dis-
persion of the group delay characteristics in the low-pass filter 830, which the audio data passes through, for each
frequency. Because of this configuration, the delay time for reproducing both audio data for bass components passing
through the low-pass filter 830 and other audio data not passing through the low-pass filter 830 at the same timing can
easily be obtained in response to the characteristics of the low-pass filter 830.
[0089] Further the controller 710 computes the delay time based on a quadratic function for a cut-off frequency to be
filtered off by the low-pass filter 830. Because of this feature, the controller 710 can easily compute the delay time for
reproduction of audio data in the excellent state at the same timing with the processing load reduced, so that the
processing can be executed at a high speed with the configuration easily simplified, which enables easy reproduction
of audio data in the excellent state. In addition, it is not necessary to store audio data in the matrix state in the memory
section 635 in correspondence to a plurality of low-pass filters 830, so that a memory space in the memory section 635
can efficiently be utilized and the configuration can easily be simplified. Further the delay times previously computed
through the operational expression are stored with the data structure correlated in the matrix state to the low-pass filters
830 which the audio data is passed through and are read out according to the necessity, so that the time until acquisition
of a delay time is not necessary and the audio data can be processed quickly, so that the time until reproduction of audio
data can be shortened and the audio data is reproduced in the excellent state.
[0090] Further the controller 710 computes the delay time through the mathematical expression (1) in which, assuming
that T [ms] indicates a delay time and Fc indicates the cut-off frequency, the coefficients a0, a1, and a2 are the values
as shown in Table 1. Because of this feature, the group delay characteristics for a frequency can easily be flattened, so
that the audio data can be reproduced at the same timing in the excellent state by using the simple operational expression.
Especially, by using the Butterworth type of low-pass filter widely used as the low-pass filter 830, audio data can be
reproduced in the excellent state, and further the audio data can be reproduced in the more excellent state by using a
low-pass filter with the cut-off frequency in the range from 40 Hz to 200 Hz.
[0091] Further the controller 710 executes the delay processing according to the delay time computed through the
mathematical expression (2) in which the coefficients e1 and e2 are the values shown in Table 2. Because of the feature,
even when the Butterworth type of low-pass filter is not used, audio data can be reproduced in the excellent state with
the versatility further improved.
[0092] Further, assuming that the time when amplitude of an impulse response in the low-pass filter 830 becomes the
maximum value is τ, the controller 710 executes the delay processing by computing the delay time T through the
mathematical expression (3). This configuration is applicable not only to the Butterworth type of low-pass filter 830, but
also to any type of low-pass filters including the Chebycheff type of low-pass filter, an oval type of low-pass filter, and
Bessel type of low-pass filter, and the versatility is improved.
[0093] Further switching by the bass sound processing switching section 870 is possible between a case where audio
data is passed through the low-pass filter 830 and a case where the audio data is not passed through the low-pass filter
830, so that the speaker 230LFE for bass mood sounds can be used for ordinary audio data like other ordinary speakers
230C, 230R, 230L, 230SR, and 230 SL, so that the versatility can further be improved.

[Variants of the embodiment]

[0094] The present invention is not limited to the embodiment described above, and the following variants within a
range in which the objects of the present invention can be achieved are encompassed within a scope of the present
invention.
[0095] In the embodiment described above, a number of channels are not limited five as described above, and the
configuration is allowable in which multi-channel audio data for two or more channels is reproduced by using two or
more speakers 230. Further the configuration is allowable in which also image data is processed for displaying the image
data on a display unit. In the configuration for processing also image data, it is required to subject also the image data
to the delaying processing according to a delay generated when the data is passed through the low-pass filter 830. With
this configuration, the image data can be reproduced in synchronism to the audio data reproduced from the speakers
230, so that the audience can enjoy both the audio and image data in the excellent state.
[0096] The description above assumes the configuration in which the audio data inputted from the audio data input
terminal 610 are those from a musical instrument or a reader, but also the configuration is allowable in which audio data
to be distributed through a network is inputted.
[0097] The reproducing device 100 is not limited to an audio device, and also the configuration is allowable in which,
for instance, the reproducing device 100 reads out a program and reproduces audio data according to the program, in
which a plurality of personal computers or computers are connected to each other for forming a computing section as
the DSP 630, or in which a circuit board with semiconductor chips or a plurality of electric parts mounted thereon is
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employed. Further the configuration is allowable in the present invention in which a program read out by the computer
(s) and a recording medium with the program recorded therein are used. In this case, extension of the applications can
easily be realized.
[0098] Although the description above assumes the configuration in which a plurality of low-pass filters 830 are provided
and are switched by the filter selecting section 840, also the configuration is allowable in which only one low-pass filter
830 is used and switching of the low-pass filter 830 is not performed.
[0099] Further, although the description above assumes the configuration in which the audio data is not passed through
the low-pass filter 830 and the bass processing switching section 870 is provided in the speaker 230 for bass mood
sounds to enable switching so that ordinary audio data can be reproduced, also the configuration is allowable in which
only the audio data for bass components which is bass mood sound extracted through the low-pass filter 830 can be
reproduced.
[0100] Although the description of the embodiment above assumes the use of a reproducing device which can execute
both the processing for direct reproduction requiring the delay processing and the processing for reproducing accumulated
data, also the configuration is allowable in which only either one of the processing is executed. In the processing for
reproducing accumulated data, when the audio data is reproduced, the audio data to be passed through the low-pass
filter 830 is subjected to the negative delay processing. Namely the configuration is allowable in which the audio data
for bass components is extracted from the memory section 635 at a point of time earlier by a period of time equal to a
delay time generated when the audio data is passed through the low-pass filter 830 and the audio data is passed through
the low-pass filter 830, and at the same time in which the audio data reproduced from the other speakers 230C, 230R,
230L, 230SR, and 230SL is read out from the memory section 635 in synchronism and is subjected to the processing
for reproduction without being subjected to the delay processing. Even with the configuration as described above, both
the audio data with the bass components extracted for the low-pass filter 830 like in the embodiment described above
and the audio data reproduced in the ordinary way can synchronously be reproduced in the excellent state.
[0101] The present invention is not limited to the variants of the embodiment described above, and other various
variants are possible within a scope of the present invention.

(Advantages of the embodiment)

[0102] In the embodiment described above, the controller 710 subjects the audio data outputted from the speakers
230C, 230R, 230L, 230SR, and 230SL for reproduction without being passed through the low-pass filter 830 to the delay
processing by the delay processor 860 according to the delay time generated when the audio data outputted from the
specified speaker 230 LFE is passed through the low-pass filter allowing passage of audio data having a specified
frequency. Because of the feature, when bass components are extracted from the audio data for reproduction by passing
through the low-pass filters 830, even the timing for reproducing the audio data is delayed from the timing for reproducing
other audio data, the other audio data can be delayed according to the delay of the bass components so as to be
outputted for reproduction at the same timing as that for the bass components. Therefore, even when the bass components
to be extracted by a plurality of low-pass filters 830 are switched, the correct timing for reproduction can be obtained
each time, so that the audio data can be reproduced in the excellent state.
[0103] Further in the embodiment described above, the controller 710 has audio data stored in the memory 635
together with time information as timing information concerning the timing when the audio data is fetched. Then the
audio data correlated to the time information for a timing earlier by a period of time equal to a delay generated when the
audio data outputted from the specified speaker 230 LFE is read out from the memory section 635 based on a synchro-
nization signal with the audio data passed through the low-pass filter 830 and outputted from the speaker 230 LFE for
reproduction, and at the same time the audio data correlated to the time information for a timing corresponding to the
synchronization signal is read out from the memory 635, and is outputted from the speakers 230C, 230R, 230L, 230SR,
and 230SL for reproduction without being passed through the low-pass filter 830. Because of this configuration, even
when the timing is delayed from the timing for reproducing other audio data because of the processing for extracting
bass components from the audio data and passing the audio data through the low-pass filter 830, the audio data is read
out at a timing earlier than that for other audio data for synchronization, so that the audio data can be outputted for
reproduction at the same timing as that for the other data. Because of this configuration, even when the bass components
extracted by a plurality of low-pass filters 830 are switched, the correct timing for reproduction can be obtained each
time, and the audio data can be reproduced in the excellent state.

Claims

1. An audio data processing device for processing audio data comprising:
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a delay processor for delaying said audio data;
a plurality of filters, each filter having different characteristics and only allowing the passage of a pre-specified
frequency band of the audio data;
a filter selecting section arranged to select one of the plurality of filters;
a control section arranged to set, for the delay processor, a delay time corresponding to the selected filter, the
control section further arranged to allow the passage of the pre-specified frequency band of the audio data
through the selected filter and delay, using the delay processor, the audio data not passing through the filter by
the delay time corresponding to the selected filter.

2. The audio data processing device according to claim 1,
wherein said control section is further arranged to compute the delay time based on a function providing a value
approximate to a value at which the dispersion of group delay characteristics of the selected filter is minimized.

3. The audio data processing device according to claim 2, comprising:

a storage section arranged to store the delay time computed based on the function providing a value approximate
to a value at which the dispersion of group delay characteristics of the selected filter is minimized,
wherein said control section reads out from the storage section the delay time corresponding to the selected filter.

4. The audio data processing device according to claim 2 or 3,
wherein said function is a quadratic function for a cut-off frequency filtered off by said filter.

5. The audio data processing device according to claim 4,
wherein, assuming T indicates the delay time and Fc indicates the cut-off frequency, the function is the following
expression (1): 

 and in the expression, the coefficients a0, a1 and a2 are the values shown in Table 1 below:

6. The audio data processing device according to claim 5,
wherein said control section makes said delay processor execute the delay processing based on a delay time T
computed based on the following expression (2): 

and in the expression, the coefficients e1 and e2 are the values shown in Table 2 below:

Table 1

Order a0 a1 a2

1 4.3E - 05 -0.017 1.96

2 2.4E - 04 -0.076 7.44

3 3.1E - 04 -0.10 10.97

4 4.4E - 04 -0.14 14.98

6 6.9E - 04 -0.23 22.92

8 8.6E - 04 -0.29 29.61
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7. The audio data processing device according to any of claims 1 to 6,
wherein said filter is the Butterworth type of low-pass filter with the cut-off frequency in the range from 40 Hz to 200 Hz.

8. The audio processing device according to any of claims 1 to 3,
wherein, assuming that the time when an amplitude of an impulse response in said filter is the maximum value is
T, said control section delays by the delay processor the audio data by T + 0.15 T.

9. The audio data processing device according to any of claims 1 to 8 further comprising:

a storage section arranged to store fetched audio data together with timing information related to the timing
when the audio data is fetched,
wherein, based on the timing information, said control section has the audio data to be passed through said
filter, which is stored in said storage section, be read out and passed through said filter earlier by the period of
time corresponding to the delay generated when the audio data is passed through said filter.

10. The audio data processing device according to claim 9,
wherein said delay processor delays the audio data not passing through said filter by the delay time of zero.

11. The audio data processing device according to claim 9 or claim 10,
wherein said control section fetches a synchronization signal corresponding to the timing when said audio data is
fetched and reads out the audio data stored in said storage section based on the synchronization signal.

12. An audio data processing method of processing audio data comprising the steps of:

selecting one of a plurality of filters that has different characteristics,
allowing passage of a pre-specified frequency band of the audio data by the selected filter,
and
delaying the audio data not passing through the filter by a delay time corresponding to the selected filter.

13. The audio data processing method according to claim 12 further comprising:

storing said fetched audio data together with timing information related to the timing when the audio data is
fetched, and
based on the timing information, having the stored audio data to be passed through said filter be read out and
passed through said filter earlier by the period of time corresponding to the delay generated when the audio
data is passed through said filter.

14. The audio data processing method according to claim 13,
wherein the audio data not passing through said filter is delayed by the delay time of zero.

15. The audio data processing method according to claim 13 or claim 14, wherein a synchronization signal corresponding
to the timing when said audio data is fetched is fetched and the audio data stored in said storage section is read
out based on the synchronization signal.

16. An audio data processing program for making a computing section execute the audio data processing method

Table 2

Order e1 e2

1 0.10 0.15

2 0.10 0.15

3 0.10 0.15

4 0.10 0.15

6 0.10 0.10

8 0.10 0.10
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according to any one of claims 12 to 15.

17. A recording medium with the audio data processing program according to claim 16 recorded therein so that the
program can be read out by a computing section.

Patentansprüche

1. Audiodaten-Verarbeitungseinrichtung zum Verarbeiten von Audiodaten, die Folgendes umfasst:

einen Verzögerungsprozessor zum Verzögern der Audiodaten,
mehrere Filter, wobei jeder Filter unterschiedliche Charakteristika hat und nur den Durchgang eines zuvor
spezifizierten Frequenzbandes der Audiodaten ermöglicht,
eine Filterauswahlsektion, die dafür angeordnet ist, einen der mehreren Filter auszuwählen,
eine Steuerungssektion, die dafür angeordnet ist, für den Verzögerungsprozessor eine Verzögerungszeit fest-
zusetzen, die dem ausgewählten Filter entspricht, wobei die Steuerungssektion ferner dafür angeordnet ist,
den Durchgang des zuvor spezifizierten Frequenzbandes der Audiodaten durch den ausgewählten Filter zu
ermöglichen und, unter Verwendung des Verzögerungsprozessors, die Audiodaten, die nicht durch den Filter
hindurchgehen, um die Verzögerungszeit zu verzögern, die dem ausgewählten Filter entspricht.

2. Audiodaten-Verarbeitungseinrichtung nach Anspruch 1,
wobei die Steuerungssektion ferner dafür angeordnet ist, die Verzögerungszeit auf der Grundlage der Funktion zu
berechnen, die einen Wert liefert, der sich einem Wert annähert, bei dem die Streuung von Gruppenverzögerungs-
charakteristika des ausgewählten Filters auf ein Minimum verringert ist.

3. Audiodaten-Verarbeitungseinrichtung nach Anspruch 2, die Folgendes umfasst:

eine Speichersektion, die dafür angeordnet ist, die Verzögerungszeit zu speichern, die auf der Grundlage der
Funktion berechnet ist, die einen Wert liefert, der sich einem Wert annähert, bei dem die Streuung von Grup-
penverzögerungscharakteristika des ausgewählten Filters auf ein Minimum verringert ist,
wobei die Steuerungssektion aus der Speichersektion die Verzögerungszeit ausliest, die dem ausgewählten
Filter entspricht.

4. Audiodaten-Verarbeitungseinrichtung nach Anspruch 2 oder 3,
wobei die Funktion eine quadratische Funktion für eine durch den Filter herausgefilterte Grenzfrequenz ist.

5. Audiodaten-Verarbeitungseinrichtung nach Anspruch 4,
wobei, angenommen, dass T die Verzögerungszeit angibt und Fc die Grenzfrequenz angibt, die Funktion der folgende
Ausdruck (1) ist: 

und in dem Ausdruck die Koeffizienten a0, a1 und a2 die in der Tabelle 1 weiter unten gezeigten Werte sind:

Tabelle 1

Ordnung a0 a1 a2

1 4,3E -05 -0,017 1,96

2 2,4E -04 -0,076 7,44

3 3,1E -04 -0,10 10,97

4 4,4E -04 -0,14 14,98

6 6,9E -04 -0,23 22,92

8 8,6E -04 -0,29 29,61
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6. Audiodaten-Verarbeitungseinrichtung nach Anspruch 5,
wobei die Steuerungssektion den Verzögerungsprozessor die Verzögerungsverarbeitung auf der Grundlage einer
Verzögerungszeit T ausführen lässt, die berechnet ist auf der Grundlage des folgenden Ausdrucks (2): 

und in dem Ausdruck die Koeffizienten e1 und e2 die in der Tabelle 2 weiter unten gezeigten Werte sind:

7. Audiodaten-Verarbeitungseinrichtung nach einem der Ansprüche 1 bis 6,
wobei der Filter ein Tiefpassfilter vom Butterworth-Typ mit der Grenzfrequenz in dem Bereich von 40 Hz bis 200 Hz ist.

8. Audiodaten-Verarbeitungseinrichtung nach einem der Ansprüche 1 bis 3,
wobei, angenommen, dass die Zeit, zu der eine Amplitude einer Impulsantwort in dem Filter der Maximalwert ist, T
ist, die Steuerungssektion die Audiodaten durch den Verzögerungsprozessor um T + 0,15T verzögert.

9. Audiodaten-Verarbeitungseinrichtung nach einem der Ansprüche 1 bis 8, die ferner Folgendes umfasst:

eine Speichersektion, die dafür angeordnet ist, abgerufene Audiodaten zusammen mit Zeitsteuerungsinforma-
tionen zu speichern, die mit der Zeitsteuerung verbunden sind, wenn die Audiodaten abgerufen werden,
wobei die Steuerungssektion, auf der Grundlage der Zeitsteuerungsinformationen, die durch den Filter hin-
durchzuführenden Audiodaten, die in der Speichersektion gespeichert sind, um den Zeitraum früher auslesen
und durch den Filter hindurchgehen lässt, welcher der Verzögerung entspricht, die erzeugt wird, wenn die
Audiodaten durch den Filter hindurchgeführt werden.

10. Audiodaten-Verarbeitungseinrichtung nach Anspruch 9,
wobei der Verzögerungsprozessor die Audiodaten, die nicht durch den Filter hindurchgehen, um die Verzögerungs-
zeit von null verzögert.

11. Audiodaten-Verarbeitungseinrichtung nach Anspruch 9 oder Anspruch 10,
wobei die Steuerungssektion ein Synchronisationssignal abruft, das der Zeitsteuerung entspricht, wenn die Au-
diodaten abgerufen werden, und die in der Speichersektion gespeicherten Audiodaten auf der Grundlage des Syn-
chronisationssignals ausliest.

12. Audiodaten-Verarbeitungsverfahren zum Verarbeiten von Audiodaten, das die folgenden Schritte umfasst:

das Auswählen eines von mehreren Filter, der unterschiedliche Charakteristika hat,
das Ermöglichen des Durchgangs eines zuvor spezifizierten Frequenzbandes der Audiodaten durch den aus-
gewählten Filter und
das Verzögern der Audiodaten, die nicht durch den Filter hindurchgehen, um eine Verzögerungszeit, die dem
ausgewählten Filter entspricht.

13. Audiodaten-Verarbeitungsverfahren nach Anspruch 12, das ferner Folgendes umfasst:

Tabelle 2

Ordnung e1 e2

1 0,10 0,15

2 0,10 0,15

3 0,10 0,15

4 0,10 0,15

6 0,10 0,10

8 0,10 0,10
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das Speichern der abgerufenen Audiodaten zusammen mit Zeitsteuerungsinformationen, die mit der Zeitsteue-
rung verbunden sind, wenn die Audiodaten abgerufen werden, und,
auf der Grundlage der Zeitsteuerungsinformationen, das Auslesenlassen der durch den Filter hindurchzufüh-
renden gespeicherten Audiodaten und
das durch den Filter Hindurchgehenlassen um den Zeitraum früher, welcher der Verzögerung entspricht, die
erzeugt wird, wenn die Audiodaten durch den Filter hindurchgeführt werden.

14. Audiodaten-Verarbeitungsverfahren nach Anspruch 13,
wobei die Audiodaten, die nicht durch den Filter hindurchgehen, um die Verzögerungszeit von null verzögert werden.

15. Audiodaten-Verarbeitungsverfahren nach Anspruch 13 oder Anspruch 14, wobei ein Synchronisationssignal, das
der Zeitsteuerung entspricht, wenn die Audiodaten abgerufen werden, abgerufen wird und die in der Speichersektion
gespeicherten Audiodaten auf der Grundlage des Synchronisationssignals ausgelesen werden.

16. Audiodaten-Verarbeitungsprogramm, um eine Datenverarbeitungssektion das Audiodaten-Verarbeitungsverfahren
nach einem der Ansprüche 12 bis 15 ausführen zu lassen.

17. Aufzeichnungsmedium mit dem Audiodaten-Verarbeitungsprogramm nach Anspruch 16, so dass das Programm
durch eine Datenverarbeitungssektion ausgelesen werden kann.

Revendications

1. Dispositif de traitement de données audio pour traiter des données audio comprenant :

un processeur de retard pour retarder lesdites données audio ;
une pluralité de filtres, chaque filtre ayant des caractéristiques différentes et permettant uniquement le passage
d’une bande de fréquence pré-spécifiée des données audio ;
une section de sélection de filtre agencée pour sélectionner un filtre parmi une pluralité de filtres ;
une section de commande agencée pour régler, pour le processeur de retard, une durée temps de retard
correspondant au filtre sélectionné, la section de commande étant en outre agencée pour permettre le passage
de la bande de fréquence pré-spécifiée des données audio dans le filtre sélectionné et retarder, au moyen du
processeur de retard, les données audio qui ne passent pas dans le filtre suivant la durée de retard correspondant
au filtre sélectionné.

2. Dispositif de traitement audio selon la revendication 1,
dans lequel ladite section de commande est en outre agencée pour calculer la durée de retard basée sur une
fonction fournissant une valeur proche d’une valeur à laquelle la dispersion des caractéristiques de retard de groupe
du filtre sélectionné est minimisée.

3. Dispositif de traitement audio selon la revendication 2, comprenant :

une section de stockage agencée pour stocker la durée de retard calculée sur la base de la fonction fournissant
une valeur s’approchant d’une valeur à laquelle la dispersion des caractéristiques de retard de groupe du filtre
sélectionné est minimisée,
dans lequel ladite section de commande lit, dans la section de stockage, la durée de retard correspondant au
filtre sélectionné.

4. Dispositif de traitement de données audio selon la revendication 2 ou 3,
dans lequel ladite fonction est une fonction quadratique pour une fréquence de coupure filtrée dans ledit filtre.

5. Dispositif de traitement audio selon la revendication 4,
dans lequel, en supposant que T indique la durée du retard et Fc indique la fréquence de coupure, la fonction
correspond à l’expression suivante (1) : 
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et dans l’expression, les coefficients a0, a1 et a2 sont les valeurs indiquées au tableau 1 ci-après :

6. Dispositif de traitement audio selon la revendication 5,
dans lequel ladite section de commande fait exécuter le traitement de retard par le processeur de retard sur la base
d’une durée de retard T calculée sur la base de l’expression suivante (2) : 

et dans l’expression, les coefficients e1 et e2 sont les valeurs indiquées au tableau 2 ci-après :

7. Dispositif de traitement de données audio selon l’une quelconque des revendications 1 à 6,
dans lequel ledit filtre est un filtre de type passe-bas de Butterworth où la fréquence de coupure se situe dans la
plage de 40 à 200 Hz.

8. Dispositif de traitement de données audio selon l’une quelconque des revendications 1 à 3,
dans lequel, en supposant que la durée est T quand une amplitude d’une réponse d’impulsion dans ledit filtre est
la valeur maximum, ladite section de commande retarde les données audio de T + 0,15 T au moyen du processeur
de retard.

9. Dispositif de traitement de données audio selon l’une quelconque des revendications 1 à 8, comprenant en outre :

une section de stockage agencée pour stocker des données audio rapportées ainsi que des informations de
temporisation liées à la temporisation quand les données audio sont rapportées,
dans lequel, sur la base des informations de temporisation, ladite section de commande fait lire les données
audio à faire passer dans ledit filtre, lesquelles sont stockées dans ladite section de stockage, et les fait passer
dans ledit filtre auparavant suivant la durée correspondant au retard généré quand les données audio sont
passées dans ledit filtre.

Tableau 1

Commande a0 a1 a2

1 4,3E -05 -0.017 1.96

2 2,4E -04 -0.076 7.44

3 3,1 E -04 -0.10 10.97

4 4,4E -04 -0.14 14.98

6 6,9E -04 -0.23 22.92

8 8,6E -04 -0.29 29.61

Tableau 2

Commande e1 e2

1 0.10 0.15

2 0.10 0.15

3 0.10 0.15

4 0.10 0.15

6 0.10 0.10

8 0.10 0.10
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10. Dispositif de traitement de données audio selon la revendication 9,
dans lequel ledit processeur de retard retarde les données audio qui ne passent pas dans ledit filtre suivant la durée
de retard zéro.

11. Dispositif de traitement de données audio selon la revendication 9 ou la revendication 10,
dans lequel ladite section de commande rapporte un signal de synchronisation correspondant à la temporisation
quand lesdites données audio sont rapportées et lit les données audio stockées dans ladite section de stockage
sur la base du signal de synchronisation.

12. Procédé de traitement de données audio pour le traitement de données audio comprenant les étapes consistant à :

sélectionner un filtre parmi une pluralité de filtres ayant des caractéristiques différentes,
permettre le passage d’une bande de fréquence pré-spécifiée des données audio dans le filtre sélectionné,
et
retarder les données audio qui ne passent dans le filtre suivant une durée de retard correspondant au filtre
sélectionné.

13. Procédé de traitement audio selon la revendication 12, comprenant en outre :

le stockage desdites données audio rapportées ainsi que des informations de temporisation liées à la tempo-
risation quand les données audio sont rapportées, et
sur la base des informations de temporisation, faire lire les données audio stockées à faire passer dans le filtre et
les faire passer dans le filtre auparavant suivant la durée correspondant au retard généré quand les données
audio sont passées dans ledit filtre.

14. Procédé de traitement audio selon la revendication 13,
dans lequel les données audio qui ne passent pas dans ledit filtre sont retardées suivant la durée de retard zéro.

15. Procédé de traitement de données audio selon la revendication 13 ou la revendication 14, dans lequel un signal de
synchronisation, correspondant à la temporisation du moment où les données sont rapportées, est rapporté et les
données audio stockées dans ladite section de stockage sont lues sur la base du signal de synchronisation.

16. Programme de traitement de données audio pour faire qu’une section informatique exécute le procédé de traitement
des données audio selon l’une quelconque des revendications 12 à 15.

17. Support d’enregistrement avec le programme de traitement de données audio selon la revendication 16 enregistré
sur celui-ci de manière que le programme puisse être lu par une section de traitement.
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