DESCRI PTI ON S| GNAL PROCESSI NG APPARATUS Techni cal Field The present

I nvention relates to a signal processing apparatus and, nore particularly
to a signal processing apparatus which reduces operation anmount in decoding
when reproducing a plurality of signals df different sanpling frequencies.
Background Art According to a DVD audi o standard for a DVD- based audio
disc, its storage capacity is 4.7 GB. DVD audio recording schene is PCM

i ke CD or DVD-ROM and, as for its specification, a sanpling frequency

i ndicative of fidelity to original sound with which audio is recorded is
192KHz at maxi num which is about 4DBSCRIPLION hi gh as that (44.1KHz) of
the CD. This enables to record audio of highest quality. Figure 3 is a

di agram showi ng conception of a sound field forned by reproduced DVD audi o.

In the figure, reference
SIGNAL PROCESSING APPARATUS

Technical Field

The-present invention relates to a signal processing
apparatus and, more particularly to a signal processing
apparatus which reduces operation amount in decoding-when
reproducing a plurality of signals of different sampling

frequencies.

Background Art

According to a DVD audio standard for a DVD-based audio
disc, its storage cépacity is 4.7 GB. DVD audio recording
scheme is PCM, like CD or DVD-ROM and, as for its speéification,
a sampling frequency indicative of fideiity to original sound
with which audio is recorded is 192KHz at maximum, which is
about 4.3 times as high as that (44.1KHz) of the CD. This
enables to record audio of highest quality.

Figure 3 is a diagram showing conception of a sound fi_eld
formed by reproduced DVD audio. In.the figure, reference
numeral 40 denotes a center épeaker, and 41a and 41b denote
left and right speakers placed at the left of the center
speaker 40 and at the right of the same, respectively.

Reference numerals 42a and 42b denote left and right surround



nuneral* 40 denotes a center speaker, and 4la and 41b denote left and right
speakers placed at the left of the center speaker 40 and at the right of
t he sane, respectively. Reference nunerals 42a and 42b denote left and
ri ght surround 2 speakers placed behifad an auditor, for increasing
realism and 43 denotes a speaker called "sub-woofer", for outputting
relatively | ow sound. According to the DVD audi o standard, reproduction can
be perforned by using 6 speakers (6 channels) even when sanpling
frequenci es and the nunbers of quantization bits of respective channels
di ffer frospeaklerst pdacddrbehindnan, audidcer, giontimorehsimg refaljisme, 3,
the center speaker 40 and the left and right channel speakers 4la and 41b
for which andat3 Genotegla speakepnaldlyeds siehawdede e ffarmmondputduihgon
at 96KHz, while the left and
relatively low sound. According to the DVD audio standard,
reproduction can be performed by using 6 speakers (6
channels) even when sampling frequencies and the numbers of
quantization bits of respective channels differ from each
other. For instance, in configuration shown in figure 3,
the center speaker 40 and the left and right channel speakers
4la and 41b for which relatively high sound quality is
demanded, perform reproduction at 96KHz, while the left and
right surround speakers 42a and 42b and the sub-woofer 43
for which relatively high sound gquality is not demanded,
perform reproduction at 48KHz.
By the way, when data of respective channels are to be
recorded at 96KHz and in 24 bits for data of 6 channels, a
standard for a maximum transfer rate would be exceeded.
Accordingly, it becomes necessary to compress data when
recorded. A compression method includes irreversible
compression using a psychoacoustic model for use in MPEG or
AC3, and "Lossless compression" which is capable of
completely restoring data to the state before compression
by employing entropy coding as reversible compression, such
as Huffman coding. In order to reproduce audio of high

quality with fidelity to original sound as described above,

the Lossless compression is desirably employed. This



ri‘ght” surround speakers 42a and 42b and the sub-woofer 43 for which
relatively high sound quality is not denanded, perform reproduction at
48KHz. By the way, when data of respective channels are to be recorded at

' 96KHz and in 24 bits for data of 6 channls, a standard for a maximum
transfer rate woul d be exceeded. Accordingly, it becones necessary to
conpress data when recorded. A conpression nethod includes irreversible
conpressi on using a psychoacoustic nodel for use in MPEG or AC3, and

"Lossl ess conpression” which is capable_of ,conpletely restoring daja to the
state bef ;#RaRsRSr §9sr65>rwim|4iﬁha hthigh gHaldf oL é\/ahﬁ%cn s at
conpression, such as Huffman coding. |In order to reproduce audio of high
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conpression is desirably enployed. This o
the other hand, even when the standard for the maximum

transfer rate is not exceeded, the Lossless compression
enables to record data of 4.7 GB for a long time period.
Figure 4 is a block diagram showing a-conventional DVD
audio recording apparatus. For the sake of siﬁplicity, 3
channels are illustrated, although 6 channels are actually
used. In figure 4, reference numerals 5la and 51b denote
upsampling means which receive signals of the channels 2 and
3 at sampling frequencies of 48KHz, and adapt their
'féspeétivé sampling frequencies.to 96KHz for the channel 1.
Reference numeral 50 denotes a t'iming delay unit for delaying
the signal of the channel 1 while the signals of the channel
2 and 3 are upsampled, and 52 denotes a filter circuit for
filtering the upsampled signals of the channels 2 and 3 and
performing interpolation for them so that they are smoothed.
Referencé numeral 54 denotes Lossless compression means for
performing reversible compression of the signals of the
channels 2 and 3 which passed through the filter circuit 52
and the signal of the channel 1 delayed by the delay unit
50. Reference numeral 53 dénotes format transformation
means fof transforming a Lossless-compressed signal into
data having a predetermined format which can be written to

a recording medium 56, and 55 denotes recording means for



3 enabl es to' reproduce audi o of high quality of 6 channels at 96KHz and in
24bits, in data transfer of the DVD audi 0. On t he—ether—hand—even—when

the standard for the maximumtransfer rate is not e lsesg egHastBQe ﬁ,ﬁi ess

conpression enables to record data of 4. % GB for a | Fi gure
4 is a block diagram show ng a conventional DVD audi o ratus.
For the sake of sinplicity, 3 channels are illust rate hannel s
are actually used. In figure 4, reference nunerals 51a and 51b denote
. upsanpling nmeans which receive signals of the channels 2 and 3 at sanpling
frequenci exegloriBity, t hadcanppessies dates detto wehe argeto ndihgemedismes 6.0
96KHz for the channel 1. Reference nunmeral 50 denotes a timng delay unit
for del ayi ng t hel'siupsdmpl et hhechampdling frdguehneiesgofil shefsiynadlsaofel 2
and 3 are upsanpled, and 52 denotes a filter circuit for filtering the
upsanpl ed shgnehanofelhe amshBefsod 48KHZ 8009 PEHEG! FesPpeot £¥ Dby at wamhf or
them so that they are snpot hed.
the above-mentioned construction, the upsampling means 51a
and 51b insert a predetermined number of "zeros" into data
so that the sampling frequencies are twice higher (48><2 =
96), and then a filter circuit 52 having a given factor in
a subsequent stage replaces the inserted "zero" samples with
samples used for smooth ihterpolation. While the signals
of the channels 2 and 3 are upsampled, the signal of the
channel 1 is delayed by the delay unit 50. Instead of the
above "0" insertion, processing performed by the upsampling
means 5la and 51b may be a sample holding process which holds
a predetermined number of previous sample data or an
interpolation process using straight lines rather than
"zeros". For the filter circuit 52, a low pass filter can
be realized by a fil_ter such as an FIR (Filter Impulse
Response) or an IIR (Infinite Impulse Response). The filter
circuit 52 filters the signals output from the upsampling
- means 5la and 51b by using the above filter.
The outputs of the filter circuit 52 and the output of
the delay unit 50 are processed by the Lossless compression
means 54 and then processed by the format transformation

means 53, and the resulting data is written to the recording

medium (DVD audio disc) 56 by using the recording means 55.



Ref erénce nuneral 54 denotes Lossl ess conpression neans for perforning
reversi bl e conpression of the signals of the channels 2 and 3 which passed
through the filter circuit 52 and the signal of the channel 1 del ayed by
the delay unit 50. Reference nuneral 53 genotes format transformation neans
for transformng a Lossl ess-conpressed signal into data having a
predeterm ned format which can be witten to a recording nmedium 56, and 55
denotes recordi ng nmeans for 4 recording the conpressed data into the
recordi ng medi um 56. To upsanple the sanpling frequencies of the signals of

the channel's 2 agnd §e£a°§b4%% é’d%&‘k‘& f&%?%é‘ﬁ?é&orﬂ'ﬂ tn{'@dlum 56

above- nent i oned ‘consfruction e upsanpl i ng nmeans 5 a an b insert a
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factor in g Sugaegyent Etf‘ﬂauEEpé ?&Eesfépgnbgsﬁﬁﬁtggalzgﬁ%enotes reading
means for reading data from the recording medium 56, and
reference numeral 62 denotes format inverse-transformation.
means for transforming the read data (Lossless-compressed)
into a signal (Lossless-compressed) héving a format of
reproducible audio signal. Reference numeral 61 denotes
compréssed-data decompression means for decompressing the
data (Lossless-compressed) which has been subjected to the
format inverse—transformation,land reference numeral 63
denotes a filter circuit for downsampling predetermined
decompressed aata as reqﬁired.

To reproduce the predetermined data decompressed by the
compressed-data decompression means 61 at a sampling
frequency of 48KHz downsampled from 98KHz, with the
above-described construction, the filter circuit 63
downsamples this data.

In the conventional signal processing apparatus so
constructed, the filter circuit temporarily equalizes the
sampling frequencies of the plurality of signals at a
recording time, to be recorded in the recording medium, while
the filter circuit at a reproducing end changes the sampling
frequencies of the predetermined channels into the

predetermined sampling frequencies, to output the signals.



sanpl es 'wi t h- sanpl es used for snooth interpolation. To be specific, the
upsanpling process for inserting the sanples having "zero" values into the
data of the signals of the channels 2 and 3 is perfornmed so that the sanple
having the "zero" value is placed in every other sanple of the data. Wile
the signals of the channels 2 and 3 are upsanpled, the signal of the
channel 1 is delayed by the delay unit 50. Instead of the above "0"

i nsertion, processing performed by the upsanpling neans 51la and 51b nay be
a sanpl e hol ding .process which holds a predeterm ned nunbero f previous

sanpl e data or I nterpalation,.proges | ng.st.rai ' t
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pl aced. For the fjlter_circuit, 52 Jow.pass.filter can be.realized by a
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transformation nmeans 53, and the resulting data is witten to the recording
' The present invention is directed to solving the above

problem, and an object of the present invention is to provide
a signal processing apparatus which is capable of reducing
operation amount in filter circuits whén processing a

plurality of signals of different sampling frequencies, and

reproducing all the signals completely.

Disclosure of the Invention-

According to Claim 1 of the present invention, there
is provided a signal processing apparatus for encoding a
plurality of channel signals of different sampling
fréquenc ies to be recorded in a recording medium, comprising:
upsampling means for transforming a sampling frequency of
a channel signal having a small sampling frequency among the
plurality of channel signals of different sampling
frequencies into a sampiing frequency of a channel signal
having a large sampling frequency; a half band filter that
receivesthéchannelsignalupsampledbytheupsamplingmeans
as an input; and format transformation means for transforming

the channel signal processed by the half band filter and the



medi um (DVD audi o disc) 56 by using the recordi ng neans 55. 5 To read so
created data fromthe recordi ng nedium 56 to reproduce audi o, a reproducing
apparatus shown in figure 5 is used. |In figure 5 reference nuneral 60
denotes readi ng neans for reading data fromthe recording nedium 56, and
reference nuneral 62 denotes format inverse-transformati on neans for
transform ng the read data (Lossl ess-conpressed) into a signal

(Lossl ess-conpressed) having a format of reproduci bl e audi o signal.

Ref erence nuneral 61 denotes conpressed-data deconpression nmeans for
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According to Claim 2 of the present invention, the
signal processing apparatus of Claim 1, further comprises:
data compression means for performing Lossless compression
tothesignalprocessaﬂbythehalfbahdfilterandthechannel
signal having the large sampling frequenéy.

According to Claim 3 of the present invention, the
signal processing apparatus of Claim 1, further comprises:
upsampling information description means for describing
upsampling information indicating that a sample of the.
channel signals processed by the half band filter is a sample
before the upsampling, into a predetermined area of the
recording medium.

According to Claim 4 of the present invention, there
is provided a signal processing apparatus for pérforming
decoding to reproduce data recorded in a recording medium,
said data being recorded in the recording medium after a
sampling frequency of at least one channel signal among a
plurality of channel signals of different sampling
frequencies is upsampled, and the resulting channel signal
i.s processed by a half ban& filter and then transformed into
a signal having a predetermined format, comprising: data
reading means for reading data frOm:the recording medium;

format inverse-transformation means for inversely



To reproduce the predeternm ned data deconpressed by the conpressed-data
deconpression neans 61 at a sanpling frequency of 48KHz downsanpl ed from
98KHz, with the above-described construction, the filter circuit 63
downsanpl es this data. In the conventionﬂ si gnal processing apparatus so
constructed, the filter circuit tenporarily equalizes the sanpling
frequencies of the plurality of signals at a recording tinme, to be recorded
in the recording medium while the filter circuit at a reproduci ng end
changes the sanpling frequencies of the predeternined channels into the
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above roceSS|n e apount of . .
P 1&%a1 avERg a predetermined format; downsampling means

for downsampling a sampling frequency of a specified signal
among the format inverse-transformed signals; and
downsampling control means for instructing the downsampling
means to intermittently read the specified signal among the
format inverse-transformed signals.

According to Claim 5 of the present invention, in the
signal processing apparatus of Claim 4, the signal read by
the data reading means is completely reproducible data which
has been subjected to Lossless compression, and the apparatus
further comprises: data decompression means for
decompressing compressed data into data before compression
after it is subjected to format inverse-transformetion.

According to Claim 6 of the present invention, the
signal processing apparatus of Claim 4; further comprises:
upsampling information extraction means for detecting
upsampling information indicating that data is a sample
before upsampling performed by the upsampling means when
detecting the upsampled signal data; and downsampling
control means for instructing the downsampling meahs to
intermittently read the data according to the information.

According to Claim 7 of the present invention, in the
signal processing apparatus of Claim 6, the upsampling

information is recorded in a predetermined area of the



operati‘on therein is noticeably increased, and burden on hardware is
correspondingly increased. In addition, the processed signals are
reproduced unsatisfactorily. The present invention'is directed to solving
t he above problem and an object of thegpresent invention is to provide a
si gnal processing apparatus which is capabl e of reducing operation anount
in filter circuits when processing a plurality of signals of different
sanpling frequencies, and reproducing all the signals conpletely.

Di scl osure of the Invention According to Claim1l of the present invention,

there is pleRdf®ing MeAidm HHCLAS AT ANMPE DOHS inAicEDEgNdataplig adity of
channel signals of different sanpling frequencies to be recorded in a

recor di ng gigaH 1eNb CEIPE i1 S&mp U R FY P Td Fiféd by Hhé P MpIing medadn! i ng
frequency of "a channel signal having a small sanpling frequency anong the
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sanpling frequency of a channel signal
and even-numbered data according to the upsampling
information, thereby to perform said intermittent reading.

As described above, according to Claim 1 of the present
invention, there is provided a signal processing apparatus
for encoding a plurality of channel signals of different
sampling frequencies to be fecorded in a recording medium,
comprising: upsampling means for transforming a sampling
frequency of a channel signal having a small sampling
freéuency among the plurality of channel signals of different
sampling frequencies into a sampling frequency of a channel
signal having a large sampling frequency; a half band filter
that receives the channel signal upsampled by the upsampling
means as an input; and format transformation means for
transforming the channel signal processed by the half band
filter and the channel signal having the large sampling
frequency into signals having predetermined formats.
Therefore, the operation amount of the filter in upsampling
can be reduced about by half.
According to Claim 2 of the present invention, the

signal processing apparatus of Claim 1, further comprises:

data compression means for performing Lossless compression

tothe signal processed by the half band filter and the channel



havi ng ‘a Iafge sanpling frequency; a half band filter that receives the
channel signal upsanpled by the upsanpling neans as an input; and format
transformation neans for transform ng the channel signal processed by the
hal f band filter and the 7 channel silghal having the | arge sanpling
frequency into signals having predeterm ned formats. According to Caim?2
of the present invention, the signal processing apparatus of Claiml,
further conprises: data conpression neans for perform ng Lossless
conpression to the signal processed by the half band filter and the channel
si gnal hav$ hgnale Hawimgsthel ilarde eganpdyngiciveguagcys Cl Bherdfofrehe
present invention, the signal processing apparatus of Claim1, further
conpri ses: muphadaltiangamfioenaecor déstcin pthenreeariing meddumbiwigthout
degrading sound guality. |

According to Claim 3 of the present invention, the
signal processing apparatus of Claim 1, further comprises:
upsampling information description means for describing
upsampling information indicating that a sample of the
channel signal processed by the half band filter is a sample
before the upsampling, into a predetermined area of the
recording medium. Therefore, when reproducing a signal
from the recording medium later, an ofiginal shape of the
upsampled signal can be recognized, and data can be read
intermittently with reliability.

According to Claim 4 of the present invention, there
is provided a signal processing apparatus for performing
decoding to reproduce data recorded in a recording medium,
said data being recorded in the recording medium after a
sampling frequency of at least one channel signal among a
plurality of channel signals of different sampling
frequencies is upsampled, and the resulting channel signal
is processed by a half band filter and then transformed into
a signal having a predetermined format, comprising: data
reading means for reading data from the recording medium;

format inverse-transformation means for inversely

transforming the data read from the data reading means into



upsanplii'ng i nformation indicating that a sanple of the channel signals
processed by the half band filter is a sanple before the upsanpling, into a
predeterm ned area of the recording nedium According to Claim4 of the
present invention, there is provided a signal processing apparatus for
perform ng decoding to reproduce data recorded in a recording nedium said
data being recorded in the recording nediumafter a sanpling frequency of
at | east one channel signal anong a plurality of channel signals of
different sanpling frequencies is upsanpled, and the resulting channel
signal is precrafer kyvianbahfplbagétidriiedantothah ;t GRE LAMBYinGt fedns
signal having a predeterm ned format, conprising: dat a readi ng nméans for
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among the format inverse-transformed signals; and
downsampling control means for instructing the downsampling
means to intermittently read thé specified signal among the
format inverse-transformed signals. Therefore,
downsampling can be implemented by only performing
intermittent reading, and thereby a filtér at a reproducing
end is dispensed with, which significantly reduces operation
amount.

According to Claim 5 of the present invention, in the
signal processing apparatus of Claim 4, the signal read by
the data reading means is completely reproducible data which
has been subjected to Lossless compression, and the apparatus
‘further comprises: data decompression means for
decompressing compressed data into data before compression
after it is subjected to format inverse-transformation.
Therefore, when reproducing the compressed data, its sound
quality is not degraded at all.

According to Claim 6 of the present invention, the
signal processing apparatus of Claim 4, further comprises:
upsampling information extraction means for detecting
upsampling information indicating that data is a sample

before upsampling performed by the upsampling means when

detecting the upsampled signal data; and downsampling



8 transforning the data read fromthe data reading neans into a signa
havi ng a predeterm ned format; downsanpling neans for downsanpling a
sanpling frequency of a specified signal anong the fornat _ _

i nverse-transfornmed signals; and downsanpting control neans for instructing
-the downsanpling neans to intermttently read the specified signal anong
the format inverse-transformed signals. According to Claim5 of the present
invention, in the signal processing apparatus of Claim4, the signal read
by the data reading neans is conpletely reproduci ble data which has been

subj ected teonitessl afeans ForsSinstrasd inke ﬂi’@aﬂéhkl%afngﬂfﬁé feERY X&5:
dat a deconpression neans for deconpressing conpressed data into data before
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According to Claim6 of the present invention, thé signal processing
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means for detecting
recognized, and data can be read intermittently with
reliability.

According to Claim 7 of the present invention, in the
signal procéssing apparatus of Claim 6, the upsampling
information is recorded in a predetermined area of the
recording medium as an information indicating data is a
sample before upsampling performed by the upsampling means,
and the downsampling means reads one of odd-numbered data
and even-numbered data according to the upsampling
information,.thereby to perform said intermittent reading.

Therefore, the signal can be easily downsampled with a simple

circuit.

Brief Descripfion of the Drawings

Figure 1 is a block diagram principally showing.an
encoding circuit of a signal processing apparatus according
to a first embodiment of the present invention. |

. Figure 2 is a block diagram principally showing a

decbding circuit of the signal processihg apparatus of the
first embodiment.

Figure 3 is adiagram showing conception of reproduction

using 6 speakers of multi channels according to a DVD audio



upsanpliing information indicating that data is a sanple before upsanpling
performed by the upsanpling neans when detecting the upsanpl ed signal data;
and downsanpling control neans for instructing the downsanpling nmeans to
intermttently read the data according 4@ the information. According to
Claim?7 of the present invention, in the signal processing apparatus of
Claim6, the upsanpling information is recorded in a predeterm ned area of
t he 9 recording nediumas an information indicating -data is a sanple
bef ore upsanpling performed by the upsanpling neans, and the downsanpli ng
nmeans. r eadse HR€aef .0dd- nunbered data and even-nunbered data according to
the upsanpling information, thereby to performsaid intermttent reading.

As described abgyguracoprisng baddidididgehn B PiE€SEAL1y showing an
encoding circuit of a conventional signal processing
apparatﬁs.

Figure 5 is a block diagram principally showing a

decoding circuit of a conventional signal processing

—_—

apparatus.
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Best Mode for Carrying Out the Invention
(Embodiment 1.)

Fig_ufe 1 is a block diagram showing an encoding"E‘:._ircu:iTt
of a signal processing apparatus according to a fiést
embodiment of the present inventio'n. In figurel, reference
numerals 2a and 2b denote upsampling means whicgwreceive
signals of channels 2 and 3 at sampling frequencies of 48KHz
and increase the sampling frequencies, and reference numeral
1 denotes a timing delay unit for delaying a signal of a
channel 1 while the signals of the channels 2 and 3 are
upsampled. Reference numeral_3 denotes a half band filter
circuit for filtering the upsampled signals of the channels
2 and 3 to eliininate unnecessary band signals of the channels
2 and 3, resulting from processing by the upsémpling means
2a and 2b, and reference numeral 3 denotes data compression
means (Lossless compressionmeans) for performing reversible

compression of the signals of thechannels 2 and 3 which passed
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i nveriti‘on, there is provided a signal processing apparatus for encoding a
plurality of channel signals of different sanpling frequencies to be
recorded in a recording nedium conprising: upsanpling neans for
transform ng a sanpling frequency of a chgannel signal having a snal
sanpling frequency anong the plurality of channel signals of different
sanpling frequencies into a sanpling frequency of a channel signal having a
| arge sanpling frequency; a half band filter that receives the channel

si gnal upsanpl ed by the upsanpling nmeans as an input; and fornat
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hal f band filter” and the channel signal having the | arge sanp ing frequency
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1, further conprises conpressi on means performng ess
conpr essi ol:l‘ompressed data into data having a prescribed format writable

to a recording medium 8, and reference numeral 7 denotes
recording means for recording the compressed data into the
recording means 8. Upsampling information generation means
6 generate upsampling information about upsampling performed
by the upsampling means 2a and 2b and output the upsampling
information to the recording means 7. In the above
construction, the upsampling information generation means
6 and the recording means 7 constitute upsampling information
description means.

To upsample the sampling frequencies of the signals of
the channels 2 and 3 from 48KHz to 96KHz with the above
construction, the upsampling means 2a and 2b insert a
predetermined number of "zeros" into data corresponding to
the signals of channels 2 and 3 so that the sampling
frequencies are twice higher (48X2 = 96) , respectively.
Meanwhile, the signal of the channell is delayed by \the delay
unit 1 during a specified time period. Then, the half band
filter circuit 3 in a subsequent stage performs interpolation
of the signals of the channels 2 and 3. The half band filter
has an FIR (Finite Impulse Response) factor, for example,

‘(C, 0, B,'O, A, 1, A, 0, B, 0, C), which are arranged



to the ‘signal processed by the half band filter and the channel 10
signal having the |arge sanpling frequency. Therefore, nuch data can be
recorded in the recordi ng nedi um w t hout degradi ng sound quality. According
to Caim3 of the present invention, theysignal processing apparatus of
Caim1l, further conprises: upsanpling information description neans for
descri bing upsanpling information indicating that a sanple of the channel
signal processed by the half band filter is a sanple before the upsanpling,
into a predeterm ned area of the recording nmedium Therefore, when

reproduci ngyaimd tdeta f 19Msiita reRQt diege mtorsahte aj&ELAtNEb Fhape of
t he upsanpl eéd signal cah be recogni zed, and data can be Tead intermttently
with reliabilfidpence value "1" placed at the center thereof, and from
each of the two factors, "0" and a factor alternately appear.
With the use of this, the upsampled data is processed.
Also, the upsampling information generation means 6
generates the upsampling information indicating whether or
not data is sample data before upsampling performed by the
upsampling means 2a and 2b. - |
So processed data is output from the half band filter
circuit 3, and processed by the Lossless compression means
5 and then processed by the format transformation means 4,
to be written on the recording medium (DVD audio disc) 8 by
using the recording means 7. (As an examble of the above
format transformation, there is transformation into a
Pack/Packetstruétureaccordingtx;anMPEGstandardsystem.)
The recording means 7 writes the compressed data and the
upsampling information (indicating whether or not the data
is sample data before upsampling and the like) generated by
the upsampling information generation means 6 into
predetermined areas of the recording medium 8. The
predetermined areas can be private headers according to DVD
audio standard.
| To read éo created data from the recording medium 8 to
reproduce audio, a reproducing apparatus'shown in figure 2

is used. 1In figure 2, reference numeral 20 denotes reading



Accordi'ng to-Cdaim4 of the present invention, there is provided a signal
processi ng apparatus for perform ng decoding to reproduce data recorded in
a recording medium said data being recorded in the recordi ng medi ur um after

a sanpling frequency of at |east one chapgel si gnaﬂlsaﬂhmngasaeainbm&e

channel signals of different sanpling frequencies | d the
resul ting channel signal is processed by a half 'ban "Qmi hen
transfornmed into a signal having a predeterm ned forrra ng: data
readi ng neans for reading data fromthe recordi ng nedi um f or mat

i nver se- 11 aRSHY FBY PRalER déea ffwlﬁrf@&araiﬁasﬁeaﬂhaget%di@&adéﬁaéefsrom

f
the data re%% I ng nmeans 1 nt gs si gnal having~a predeterm ned for mat

Somsa TPFEAR, SHEIAES0c8 TAEIGH RLRRT et e
upsampling information corresponding to the data read by the
data reading means 20 from the predetermined area of the
recording medium 8. Reference numeral 23 denotes format
inverse-transformation means for transforming the read data
(Lossless~-compressed) into the Lossless-compressed audio
data and header information such as the sampling frequency,
and 22 denotes compressed—data decompression means for
decompressing the data (Lossless-compressed) which has been
subjected to the format transformation. Reference numeral
24 denotes aownsampling means for downsampling the upsampled
signals, and 25 denotes downsampling control means for
controlling operation of the downsampling means aceording
to the upsampling information. As an example of the above
format inverse-transformation, there is transformation from
the Pack/Packet structure according to the MPEG standard
system to the LosSleSs-compressed data and the header such
as the sampling frequency. |

The data read from the recording medium 8 with the above
construction is transformed into the Lossless-compressed
audio data and the header information by the format
inverse-transformation means 23, and then input to the

compressed-data decompression means 22, where the

Lossless-compressed data is decompressed to restore the data

THIS SHEET HAS BEEN
REPLACED -~




downsanpl i ng- control neans for instructing the downsanpling neans to -
intermttently read the specified signal anong the format

i nverse-transfornmed signals. Therefore, downsanpling can be inplenmented by
only perforning intermttent reading, ang,thereby ¥&hi§§heetHas heen Beplaggdr oduci ng
end is dispensed with, which significantly reduces aint
According to Caimb5 of the present invention, int -

apparatus of Claim4, the signal read by the data reading neans is

conpl etely reproduci ble data which has been subjected to Lossless

conpr essi 0o gRE suNE L ARAA BLUBLLHELHBE SYTIA SBhd ERLALEA2TANGSE gRATRANS
for deconpressing conpressed data Into data before conpression-aftéer i1t is
subj ect ed f ' =Lr I [ ore, when reproducing the
conpressedEg%fggg?'ggg%%ﬁgﬁﬁéa?ﬁ?éﬁfggiéﬁﬂaeépgégg"ap all. According to
Gaim6 of the prgsgnt JVEOL)LRankd® i 2hnPiARRIE0: BRPRE e OF O i m

4, further conprise
downsampling control means 25, data is intermittently read.

ssi ng

When the data éorresponding_to-the signéis of the channels
2 and 3 are read, and flags indicating that sample data of
the channels 2 and 3 are sample data before upsampling
performed by the upsampling means 2a and 2b are obtained from
‘the upsampiing information extracted by thé upsampling
information extraction means 21, the downsampling means 24
operates so as to read only the sample data before upsampling
of the signals of the channels 2 and 3.

The upsampling information output from the upsampling
information extraction means 21 is input to the downsampling
control means 25. The doﬁnsampling control means controls
the downsémpling means 24 according to the upsampling
informafion so that it downsamples the sampling frequencies
of the signals of the channels 2 and 3 which have been
subjectedtx:thefgrmattransformationfrom96KHzinto48KHz.

Thus, in accordance with this embodiment, the
upsampling information indicating whether or not data are
samplé data before upsampling performed by the upsampling
means 2a and 2b, are generated, and the upsampled signals

are filtered by the half band filter circuit 3 and then

Lossless compressed, to be recorded in the recording medium




upsanpl ing i'nformation extraction means for detecting upsanpling
information indicating that data is a sanple before upsanpling perfornmed by
t he upsanpling neans when detecting the upsanpled signal data; and
downsanpl i ng 12 control means for ingtgucting the downsanpling nmeans to
intermttently read the data according to the information. Therefore, an
ori gi nal shape of the upsanpled signal can be recogni zed, and data can be
read intermttently with reliability. According to Claim7 of the present

i nvention, in the signal processing apparatus of Caim6, the upsanpling

informatiog,is mReesfedel, N obd¥ LELHRT Hbh @l 8 o 1tle ifg arRleéAy nmedi um as

an information indicating data is a sanple before upsanpling perfornmed by

the upsanp)$8gmPAaTy the signals can be reduced by half as compared
with a case using a conventional filter. 1In addition, since
when reproducing the data, reading is performed every othef
data intermittently with referfing to the upsampling
information, the downsampling pioéessing'at the r_eading can
be performed by simply i_.ntermittently.reading data. Hence,
a filter circuit used in reproducﬁion is dispensed with
unlike the dqnventional example, and the operation amount
in downsampling can be reduced. Further, when downsampling
the signals at the reproduction, original data (sample data)
can be restored completely.

While in this embodiment the upsampling information a.re
written in the predetermined areas of the disc for each data,
the areas into which data are to be inserted at upsampling
may be previously detérmined, whether or not first data is_
inserted data may be uniformly decided, and on the basis of-
that result, intermittent reproduction may be performed by
firmware processing.

While in this embodiment the half band filter is used,
this may be replaced by an FIR filter or an IIR filter, which
changes only the inserted_sample data instead of changing
original sample data in the upsampling, whereby the original
data (sample data) can be completely restored by extracting

only the original data in downsampling at the reproduction.



and 't he downsanpl i ng neans reads one of odd-nunbered data and even- nunbered
data according to the upsanpling information, thereby to performsaid
intermttent reading. Therefore, the signal can be easily downsanpled wth
a sinple circuit. Brief Description of the Drawings Figure 1 is a block

di agram principally showi ng an encoding circuit of a signal processing
apparatus according to a first enbodi nent of the present invention. Figure
2 is a block diagram principally show ng a decoding circuit of the signal
processi ng apparatus of the first enbodinent. Figure 3 is a di agram show ng

conception of &g oPEClinOR WSl NemBodRRRKEA StRE Bllgaldapeetherqa¥ b Ny to
a DVD audi o 13
channels are illustrated for simplicity, more channels may
be used.

While in this embodiment the Lossless compression is
conducted when compressing the data, the present invention
is applicable to an apparatus ﬁhich employs irreversible
compression according to MPEG standard or an acoustic
processing apparatus such as an equalizer. Also, in this

case, the amount of operation by the apparatus can be reduced,

because processing by the same is reduced.

Industrial Availability

The signal processing apparatus of the present
invention is capable of reducing the amount of operation in
decoding when-reproducing a pluralityof signals of different

'sampling frequencies.



standard. Figure 4 is a block diagram principally showi ng an encodi ng
circuit of a conventional signal processing apparatus. Figure 5 is a block
di agram principally showing a decoding circuit of a conventional signal
processi ng apparatus. Best Mde for Cargging Qut the Invention (Enbodi nent
1.) Figure 1 is a block diagram showi ng an encoding circuit of a signa
processi ng apparatus according to a first enbodi mrent of the present
invention. In figure 1, reference nunerals 2a and 2b denote upsanpling
means whi.ch receive signals of channels 2 and 3 at sanpling frequencies of
48KHz and increase the sanpling frequebaias and reference nuneral 1
denotes a timng delay unit for delaying a signal of a channel 1 while the
signals of the channels 2 and 3 are upsanpl ed. Reference nuneral 3 denotes
a half band filter circuit for filtering the upsanpled signals of the

gggngel s 3 .and 3 §9gakilnpralce HTes @d Ya BaBIf 6r08ALsddnd Bepthzangltsy 2
| of channel signals of different sampling frequencies to be
recorded in a recording medium, said'apparatus comprising:
upsampling means for transforming a sampling frequency
of a channel signal having a small sampling frequency among
‘the plurality of channel-signals of different sampling
frequencies into a sampling frequency of a channel signal
having a large sampling frequency;
a half band filter that receives the channel signal
upsampled by said upsampling means as an input; and
format transformation means for t:ansforming the
channel signal processed by said half band filter and the

channel signal having the large sampling fréquency into

signals having predetermined formats.

2. The signal processing apparatus of Claim 1, further
comprising:

data compression means for performing Lossless
compression to the signal processed by said half band filter

and the channel signal having the large sampling frequency.

3. The signal processing apparatus of Claim 1, further

A A

comprising:



resulting from processing by the upsanpling neans 2a and 2b, and reference
nunmeral 5 denotes data conpression neans (Lossless conpression neans)

for performng reversible conpression of the signals of the channels 2 and
3 which passed 14 through the half band filter circuit 3 and the signal
of the channel 1 output fromthe delay unit 1. Reference nuneral 4 denotes
format transformation nmeans for transform ng conpressed data into data
having a prescribed format witable to a recording nedium 8, and reference
nuneral 7 denotes recording means for recording the conpressed data.into

t he recording Rlly%lsﬁ_rﬁnfdﬁga %(ﬁrrgaé Jﬁgggg H} Jepps 6 generate

upsanpl i ng |nfor upsanp I'ng per e upsanpl i ng neans

2a and 2b é‘ggc%‘itb%ﬁgtﬁ‘&sé'ﬂfsi%'g‘ E%fo’l%?éf'f&hoﬂnhﬁcta*%%r{&%ﬂ@ JERpTe

In the above
of the channel s1gnal processed by said half band filter is

asamplebeforeupsamplingperformedbysaidupsamplingmeans,

into a predetermined area of said recording medium.

4. A signal processing apparatus for performing decoding
to reproduce data recorded in a reco:ding medium, said data
being recorded in the recording medium after a sampling
frequency of at least one channel signal among a plurality
of channel signals having different sampling frequencies is
upsampled, and the resulting channei signal is processed by
a half band filter and then transformed into a signal having
'a predetermined format, said apparatus comprising:

data reading means for reading data from said recording
medium; |

format inverse-transformation means for inversely
transforming the data read from said data reading means into
a signal having a predetermined_format;

downsampling means for downsampling a sampling
frequency of a specified signal among the format
inverse-transformed signals; and

downsampling control means for instructing said
downsampling means to intermittently read the specified

signal among the format inverse-transformed signals.

* [4 L M S *




construction; the upsanpling information generation neans 6 and the
recordi ng neans 7 constitute upsanpling infornmation description neans. To
upsanpl e the sanpling frequencies of the signals of the channels 2 and 3
from48KHz to 96KHz with the above constgsiction, the upsanpling neans 2a
and 2b insert a predeterm ned nunber of "zeros" into data corresponding to
the signals of channels 2 and 3 so that the sanpling frequencies are tw ce
hi gher (48X2 = 96) , respectively. Meanwhile, the signal of the channel 1
is delayed by the delay unit 1 during a specified time period. Then, the
hal f band filter circuit 3 in a subsequent stage perforns interpolation of
the signals of the channels 2 and 3. The half band filter has an FIR

g!:i Q:I)tewlhrglﬁl Zree'ﬁgréfgﬁg‘g%?]f %fe&esk%g??@ﬂpéfatﬁg e Blaim 2, Whérefn B
said signal read by said data reading means is
completely reproducible data which has been subjected to
Lossless compression, further comprising:
data decompression means for decompressing compressed

data into data before compression after it is subjected to

format inverse-transformation.

6. The signal processing apparatus of Claim 4, further
comprising:

upsampling information extraction means for detecting
upsampling information indicating that data is a sample
before upsampling perfofmed by said upsampling means when
detecting the upsampled signal data; and downsampling
control means for instructing said downsampling means to

intermittently read the data according to the upsampling

information. R O

7. The signal processing apparatus of Claim 6, wherein said

upsampling information is recorded in a predetermined area
of said recording medium as an information indicating that
data is a sample before upsampling performed by the
upsampling means, and

said downsampling means reads one of odd~-numbered data



symretrically such that two factors are adjacent to a reference value "1"

pl aced at the center thereof, and fromeach of the two factors, "0" and a
factor alternately appear. Wth the use of this, the upsanpled data is
processed. Al so, the upsanpling informat4$n generation nmeans 6 generates

t he upsanpling information indicating whether or not data is sanple data
bef ore upsanpling performed by the upsanpling neans 2a and 2b. So processed
data is output fromthe half band filter circuit 3, and processed by the
Lossl ess conpression neans 5 and then processed by the fornmat

t ranst or mshanrgﬁxgsn&mbb g@ﬁ d’!ﬁétSEcB&&ﬁ‘r“g r 5054l dﬂ‘@éﬂ%&gﬁvaum 0

di sc) 8 by usi e recor g neans 7. an exanpl e of t e format.
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according to an sfan e recordi ng means
conpressed data and the upsanpling information (indicating whether or not
the data is sanple data before upsanpling and the |ike) generated by
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t e "upsanpl i ng i nformati on generation neans 6 into pre

the recordi ng nedium 8. The predeterm ned areas can be ﬂsa E
according to DVD audio standard. To read so created dat frorREPhACEDscordl ng
medi um 8 to reproduce audio, a reproduciyyg apparatus shown tn frgure 2 Is
used. In figure 2, reference nuneral 20 denotes reading 16 means for
readi ng data fromrecordi ng medium 8, and 21 denotes upsanpling infornation
extraction neans for reading the upsanpling information corresponding to
the data read by the data reading nmeans 20 fromthe predeterm ned area of .
the recordi ng nmedi um 8. Reference nugﬁgﬁRg@&denotes f or mat

i nverse-transformati on neans for transformng the read data

(Lossl ess- Conprefégxd%%waotﬁp ah8RHeTY SPUPLeEsaTdiad 219U Wikdepder

i nformati on such a e sa
when recording and reproduCLng signals at sampling

frequencies that vary from channel to channel, in
reproduction by using multiple speakers of DVD audio.
Upsampling information detection means 6 are provided
for obtaining upsampling'information indicating whether or
not a sample is a sample before upsampling performed by the
. upsampling means 2a and 2b, an upsampled signal is filtered
by a half band filter circuit 3, the filtered signal is
subjected to Lossless compression, and the Lossless-

compressed data is recorded on a recording medium 8.

This Sheet Has Been Replaced
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f requency, and 22 denotes conpressed-data deconpression neans for
deconpressing the data (Lossl ess-conpressed) which has been subjected to
the format inverse-transformation. Reference nuneral 24 denotes
downsanpl i ng neans for downsanpling the upsanpled signals, and 25 denotes
downsanpl i ng control means for controlling operation of the downsanpling
nmeans according to the upsanpling inforpation. As an exanple of the
above format inverse- transfornmation, tre is transformati on fromthe
Pack/ Packet structure according to the MPEG standard systemto the
Lossl ess- conpressed data and the header such ‘as the sanpling frequency.
The data read fromthe recording medium8 with the above construction is
transforned into the Lossl ess-conpressed audi o data and t he header

information by the format inverse-_trlanstformati on neans 23, and then input
to the conpressed-data deconpress o[§ mgans 22, where the '
Lossl ess-conpressed data is detgnpg@§§ed to restore the data
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REPCACENVENT SHEET 17 to their states before conpression, and the resulting
signals of the respective channels are output. Then, in accordance with an
instruction of the downsanpling control neans 25, data is intermttently
read. Wen the data corresponding to the signals of the channels 2 and 3
are read, and flags indicating that sanple data of the channels 2 and 3 are
sanpl e data before upsanpling perfornmed by the upsanpling neans 2a and 2b
are obtained fromthe upsanpling i nf or @Bi on extracted by the upsanpling
information extraction nmeans 21, the downsanpling nmeans 24 operates so as
to read only the sanple data before upsanpling of the signals of the
channels 2 and 3. The upsanpling information ouput fromthe upsanpling
information extraction neans 21 is input to the downsanpling control neans
25. The downsanpling control neans contgol downsanpl i ng neans 24
according.to the upsanpling informati omN
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and 3 whi ch have been subjected to the format inverse-transformation from
96KHz into 48KHz. Thus, in accordance with the this enbodi nent, the
upsanpling information indicating whether or not data are sanple data

bef ore upsanpling perfornmed by the upsanpling neans 2a and 2b, are
generated, and the upsanpled signals are filtered by the half band filter
circuit 3 and then Lossl ess conpressed %o be recorded in the recording
medi um 18 8. Therefore, operation aﬁé.nt in filtering when upsanpling
the signals i?n Eﬁ reduced by half as conpared with a case using a
conventional T er. In addjtion, since when reproducing the data, reading
is performed every other d 2 nternittenp?§ wth referrig to the

upsanpling information, the)ydownsanpling pyocessing at _the reading can be

erfornmed by si Y intermtteptly readi ng daf a. | Hence
P y ) left channel Y centen9 right channel
speaker speaker speaker
?3
sub—woofer
auditor
left surround | right surround
speaker speaker

) )

42a 42b



3

a filtér circuit used in reproduction is dispensed with unlike the
conventional exanple, and the operation anount in downsanpling can be
reduced. Further, when downsanpling the signals at the reproduction,
original. data (sanple data) can be restored conpletely. Wile in this
enbodi ment the upsanpling information are witten in the predeterm ned
areas of the disc for each data, the areas into which data are to be

i nserted at upsanpling may be previousﬂ§5deternined, whet her or not first
data is inserted data may be uniformy decided, and on the basis of that
result, intermttent reproduction may be perfornmed by firmvare processing.
Waile in this enbodinent the half band filter is used, this may be repl aced
by an FIRfilter or an IR filter, which c only the inserted sanple
data instead of changing original sanplg dgtagi n]the upsanpling, whereby
the original data (sanple data) can be H?E y restored by extracting
only the original data in downsanpling at t Dr oduct i on.
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194VWPTefin this enbodi nent the signals of the three channels are
illustrated for sinplicity, nore channels may be used. Wiile in this

enbodi ment the Lossl ess conpression i s conducted when conpressing the data,
the present invention is applicable to an apparatus which enpl oys
irreversi ble conpression according to MPEG standard or an acoustic
processing apparatus such as an equalizgg. Also, in this case, the anpunt
of operation by the apparatus can be reduced, because processing by the
sanme is reduced. Industrial Availability The signal processing apparatus of
the present invention is capable of reducing the anpunt of operation in
decodi ng when reproducing a plurality of signalﬁgof di fferent
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sanpl i ng firequenci es. 20 Cains 1. A sﬂ@ﬁﬁ&&proce55|ng p aratus f or
encoding a plurality of channel signals of different sanpl i
to be recorded in a recording nedium said apparatus conpri
means_for transform ng a sanpling frequency of a channel si
smal | sanpling frequency anong the plurality of channel sig
different sanpling frequencies into a'sagling frequency of
signal having a | arge sanpling frequency; a half band filter t .
t he channel signal upsanpl ed by said upsanpling neans as an i nput; and
f or mat tran$&%%%%}¢on means for transformng the channel signal processed
by sai d ‘hal ilter and the

Figure 4 is a block diagram principally showing an encoding
circuit of a conventional signal p;ocessing apparatus.

Figure 5 is a block diagrg&n principally showing a decoding
circuit of a conventional signal-processing apparatus.
Best Mode for Carrying Out the Invention
(Embodiment 1.)

Figure 1 is a block_ diagram showing an encoding circuit of
a signal processing apparatus according to a first embodiment
of the present invention. In figure 1, reference numerals 2a
and 2b denote upsampling means which receive signals of
channels 2 and 3 at sampling frequencies of 48KHz and
increase the sampling frequencies, and reference numeral 1
denotes a timing delay unit for delaying a signal of a channel 1
while the signals of the channels 2 and 3 are upsampled.
Reference numeral 3 denotes a half band filter circuit for
filtering the upsampled signals of the channels 2 and 3 to
eliminate unnecessary band signals of the channels 2 and 3,
resulting from processing by the upsampling means 2a and 2b,
and reference numeral 5 _denotes data compression means
(Lossless compression - means) for performing reversible

compression of the signals of the channels 2 and 3 which passed .



channel

channel

si-gnal having the large sanpling frequency into sifs
predeterm ned formats. 2. The signal processing apparat §
further -conprising: data conpression means for perform ng
conpression to the signal processed by said half band fil
signal having the large sanplind@requency. 3.

processing apparatus of Claim1l, further conprising: f,

i nformati on description nmeans for describing upsanpling Al

i ndi cati ngpidiats 61'0?""%&&1@ ddia eranetcstdin

Is a sanpl e before upsanpllng perfornmed by said. Upsanpl i ng means,

filter

TREQRARS 8Y Qﬂdsé'ld d*é?ﬂofteé’a“d

into a pr eﬂ%tsgan)ﬁng in o?m%{ctmsr"li 'extrggﬁr g Pn%arlrlesd If(lajrmreadmg the upsampling

information corresponding to the data read by the data reading means
20 from the predetermined area of the recording medium 8. Referehce
numeral 23 denotes format inverse-transformation means for
transforming the read data (Lossless-compressed) into the Lossless-
compressed audio data and header information such as the sampling
frequency, and 22 denotes compressed-data decompression means for
decompressing the data (Lossless-compressed) which has been

subjected to the format ir;verse-tré.nsformatiog. Reference numeral 24

denotes downsampling means for downsampling the upsampled
signals, and 25 denotes downsampling control means for controlling
operation of the downsampling means according to the upsampling
information. As an example of the above format inverse-
transformation, there is transformation from the Pack/Packet
structure according to the MPEG standard system to the Lossless-
compressed data and the header such as the sampling frequency.

The data read from the recording medium 8 with the above
construction is transformed into the Lossless-compressed audio data and
the header information by the format inverse-transformation means 23, and
then input to the compressed-data decompression means 22, where

the Lossless-compressed data is decompressed to restore the data



4. A signal processing apparatus for perform ng decodi ng -
data recorded in a recording nedium said data being reco ﬁ ELAWE@YCSHEET

recordi ng nmedi um after a sanpling frequency of at |east ofe channg%iiﬂ&&a
among, a plurality of channel signals having different sanpl{nd §r e
I s upsanpl ed, and the resulting channel 1% gnal is process¢d}by a half ban
filter and then transforned into a signal having a predetérmned format,
sai d apparatus conprising: data readi ng neans for readi ngldata fromsaid

.recordin | Fler.se- r O i I

transfor ?ntdgg: eﬁéﬂ Scfgtqég?te)g{?}ﬁ %%%f%é@a%gd?ﬁge ?rgg%fstﬁlrl%t %@aélggégl the
having a predetermned format; downsanpling neans for downsanpling a

sanmpl i ng ’%S&f&%’rﬁ?yc ?nﬁleg‘f)@flefqlé‘i?%ﬁ'gnal anong the format

i nverse-transfornmed signals; and downsanpling control neans for instructing
sai d downsanpl Thgnaelihsaeeprdanger withnary guctens picitheedownsampling

L2 V)

control means 25, data is intermittently read. @ When the data
corresponding to the signals of the channels 2 and 3 are read, and flags
indicating that sample data of the channels 2 and 3 are sample data
before upsampling performed by the upsampling means 2a and 2b are
obtained from the upsampling information extracted by the upsampling
information extraction means 21, the downsampling means 24 operates
so as to read only the sample data before upsampling of the signals of
the channels 2 and 3.

The wupsampling information ouput from the upsampling
information extraction means 21 is input to the downsampling control
means 25. The downsampling control means controls the downsampling
means 24 according to the upsampling information so that it
downsamples the sampling frequencies of the signals of the channels 2

and 3 which have been subjected to the format inverse-transformation

from 96KHz into 48KHz.

Thus, in accordance with the this embodiment, the upsampling
information indicating whether or not data are sample data before
upsampling performed by the upsampling means 2a and 2b, are generated,
and the upsampled signals are filtered by the half band filter circuit 3

and then Lossless compressed, to be recorded in the recording medium




ey

si gnal -ampng the formati nver se-transfornmed signals. EQy_ F ]
processing apparatus of Caim 4, whereinsaid signal read'} -y EET
readi ng means is conpletely reproducible dat a whi ch has Rjedn subjecte
Lossl,ess conpression, further conprising: data deconpres<|(n2m§aﬂp?f&mﬂ
deconpressi ng conpfessed data into dat a2defore conpressi gnjafter it 1Is
subjected to format inverse-transformation. 6. The si gpal~ pruocesst-
apparatus of Claim4, further conprising: upsanpllng i nfRLoati on extracti
nmeans for detecting upsanpling infopipi @ﬂ} bRdicating that data I's a Sanpte
bef ore upsanpling performed by said upsanpling neans when detecting the
upsanpl ed signal data; and downsanpli ng

To reduce the amount of. operation in a filter circuit when
recording and reproducing signals at sampling frequencies that
vary from channel to channel, in reproduction by using
multiple speakers of DVD audio.

Upsampling information generation means 6 are provided

for obtaining upsampling information indicating whether or not
a sample is a sample before upsampling performed by the
upsampling means 2a and 2b, an upsampled signal is filtered
by a half band filter circuit 3, the filtered signal is subjected to
Lossless compression, and the Lossless-compressed data is

recorded on a recording medium 8.



control neans for instructing said downsanpling neans to intermttently
read the data according to the upsanpling information. 7. The signal
processi ng apparatus of C aim6, wherein said upsanpling information is
recorded in a predetermi ned area of said recording nediumas an information
Indicating that data is a sanple before gpsanpling perfornmed by the
upsanpling nmeans, and sai d downsanpl i ng neans reads one of odd-nunbered

dat a ﬁﬂfl YRe cBH{?}‘ééé’éél &ﬁaqn@&a&rf@ceﬁdﬁg médiln¥'8621P! i ng i nf or mat i on,

t hereby to pe rn1sa Intermttent reading.
To upsample the sampling frequencies of the signals of the channels 2 and 3

from 48KHz to 96KHz, respectively, with the above-mentioned construction, the
upsampling means 51a and 51b insert a predetermined number of “zeros” into data
so that the sampling frequencies are twice higher (48 x 2 = 96), and then a filter
circuit 52 having a given factor in a subsequent stage replaces the inserted “zero”

samples with samples used for smooth interpolation. To be specific, the

upsampling process for inserting the samples having “zero” values into the data of

— the signals of the channeéls 2 and 3 is performed so that the sample having the

*zero” value is placed in every other sample of the data. While the signals of the

channels 2 and 3 are upsampled, the signal of the channel 1 is delayed by the
delay unit 50. Instead of the above “0” insertion, processing performed by the
upsampling means 5la and 51b may be a sample holding process which holds a

predetermined numbero f previous sample data or an interpolation process using

straight lines rather than “zeros”. Here, in the sample holding process, the data of

the signals of channels 2 and 3 are interpolated so that after each of the samples

constituting that data, a sample having the same value as that sample is placed.

For the filter circuit 52, a low pass filter can be realized by a filter such as an FIR
(Filter Impulse response) or an IIR (Infinite Impulse Response). The filter circuit 52
filters the signals output from the upsampling means 5la and 51b by using the
above filter.

The outputs of the filter circuit 52 and the output of the delay unit 50 are
processed by the Lossless compression means 54 and then processed by the format
transformation means 53, and the resulting data is written to the recording

medium (DVD audio disc) 56 by using the recording means 55.



