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one-frame data obtained by dividing the encoded audio information into frames, generating at least one block, and a data output
section for outputting the at least one block generated by the data generating section to the digital interface. Each of the at least

one block includes a body portion, and a header portion storing management information for managing data stored in the body
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(57) Abstract: A signal transmission apparatus is provided for transmitting a plurality of pieces of encoded audio information en-
coded by the same encoding method via a digital interface to a signal reception apparatus, in which each of the plurality of pieces of
encoded audio information has a sampling frequency of F or 1/2 x IV. The apparatus comprises a data generating section for, based
on one-frame data obtained by dividing the encoded audio information into frames, generating at least one block, and a data output

section for outputting the at least one block generated by the data generating section to the digital interface. Each of the at least one
block includes a body portion, and a header portion storing management information for managing data stored in the body portion.
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DESCRIPTION
DIGITAL INTERFACE DEVICE
TECHNICAL FIELD

The present invention relates to a signal
transmission appafatus: and a signal transmissionmethod both
for transmitting encoded audio information. More
speclfically, the present invention relates to a signal
transmission apparatus and a signal transmission method both
for transmitting a plurality of pieces of encoded audio
information having a plurality of sampling frequencies of
For 1/Nx F, which are encoded by the same encoding method,

via a digital interface to a signal reception apparatus.
BACKGROUND ART

Encoded audio information is transmitted from a
signal transmission apparatus via a digital interface to

a signal reception apparatus.

Figure 7 is a diagram for explaining a conventional
audio data processing apparatus 700. The audlio data
processing apparatus 700 comprises a signal transmission
apparatus 701 for transmitting a transmission signal 704
including encoded audio information, a signal reception

apparatus 703 for receiving the transmission signal 704,

and a digital interface 702 for mediating the transmission

signal 704 between the signal transmission apparatus 701
and the signal reception apparatus 703. The signal
reception apparatus 703 may, for example, be a device for

reproducing the transmission signal 704.
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ISO/IEC61937 is a known standard for transmission
and reception of encoded audio information conducted using
the digital interface 702. In this standard, the signal
transmission apparatus 701 transmits the transmission

signal 704 including encoded audio information obtained by

.encoding a PCM (Pulse Code Modulation) signal having M

samples per frame, in the form of a l1l6-bit-and-M-sample
stereo signal. In this case, when the size of burst
information including management information and encoded
audio information is less than a block size of 16 x M x 2
bits, the signal transmission apparatus 701 writes stuffing
information in the unused portion of the block (stuffing
process), and specifically sets the entire unused portion

to zero, thereby generating the complete block.

Typically, in the transmission signal 704
transmitted from signal transmission apparatus 701,

synchronization word information appears in each block.

‘The time between the start of a block indicated by certain

synchronization word information and the start of another
block indicated by the immediately following
synchronization word information is herein referred to as

a "repetition time”.

In the ISO/IEC61397 standard, 1t is assumed that a
stream of MPEG2 audio having a low sampling frequency (LSF)
[24 kKHz, 22.05 kHz, or 16 kHz] is transmitted. In this case,
the repetition time is twice as long as a repetition time
when a stream of MPEGl audio having a sampling freguency
of 48 kHz, 44.1 kHz, or 32 kHz is transmitted.

A transmission clock of the digital interface 702
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which is of a typical type as described in the ISO/IEC61397
standard is set, assuming that the sampling frequency of

encoded audio information to be transmitted is 48 kHz,
44.1 kHz, or 32 kHz.

When different encoding methods are used to encode
audlio information as described above, the signal reception
apparatus 703 needs to recelive 1nformation about an encoding
method in order for the signal reception apparatus 703 to
correctly receive the transmission signal 704. In this
standard, a value indicating that encoded audio information
has been encoded by a different encoding method is defined
in a bit field for data type information of the transmission
signal 704 so as to notify the signal reception

apparatus 703 that a different encoding method has been

used.

In this case, as encoding methods for encoding audio
information are changed, the repetition times of the
transmission signal 704 are also changed. Therefore, if an
encoding method which has been used to obtain encoded audio
information is defined in data type information, the signal
reception apparatus 703 can synchronize the transmission
signal 704. Therefore, the signal reception apparatus 703

can appropriately process the transmission signal 704.

Now, it is assumed that encoded audio information,
which has been obtained by the same encoding method but using
a different sampling frequency, is transmitted wvia the
digital interface 702 to the signal reception apparatus 703.
The transmission clock of the digital interface 702 and the
reception clock of the signal reception apparatus 703 are
both constant. The digital interface 702 and the signal
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reception apparatus 703 are presumed to receive encoded

audio information having a sampling frequency of 48 kHz.

Typically, the transmission clock of the digital
interface 702 is equal to the reception clock of the signal
reception apparatus 703. Therefore, 1n the following‘
description, it is assumed that the transmission clock of
the digital interface 702 is equal to the reception clock

of the signal reception apparatus 703.

In the conventional art, the signal reception
apparatus 703 cannot correctly receive encoded audio
information having a sampling frequency other than an
presumed sampling frequency unless the signal reception
apparatus 703 1s notified of a change in the repetition time

of a transmission signal.

For example, when encoded audio information having
a certain sampling frequency is transmitted and thereafter
encoded audio information having a different sampling
frequency is transmitted, the signa.l reception
apparatus 703 cannot correctly receive the transmission
signal 704 unless the signal reception apparatus 703 is
notified of the change in the repetition time of the

transmission signal 704.

Herelnafter, the conventional example will be

described in more detail.

Figure 8 1is a diagram showing conventional
structures of transmission frames including encoded audio
information. A transmission frame 1s a part of the

transmission signal 704. A series of transmission frames
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are output as the transmission signal 704 by the signal

transmission apparatus 70l1.

Figure 8(a) is a diagram showing a structure of a
transmission frame 800 including encoded audio
information 803. The encoded audio information 803 is
one-frame data obtained by dividing encoded audio
information having a sampling frequency of 48 kHz into
frames. Figure 8(b) is a diagram showing a structure of a
transmission frame 850 including encoded audio
information 853. The encoded audio information 853 is
one-frame data obtained by dividing encoded audio
information having a sampling frequency of 24 kHz into
frames. In this case, an encoding method for encoded audio
information having a sampling frequency of 48 kHz is the
same as an encoding method for encoded audio information
having a sampling frequency of 24 kHz, that is, an encoding
method for the encoded audio information 803 is the same

as an encoding method for the encoded audio information 853.

As shown in Figure 8(a), the transmission frame 800
conslsts of one block. The transmission frame 800 includes
a header portion 801 and a bddy portion 802. The header
portion 801 stores management information 811l. The body
portion 802 stores data information 812. The management
information 811 includes synchronization word
information 821 and side information 822. The data
information 812 includes encoded audio information 803.
The data information 812 may include non “"encoded audio

information” 823.

The signal transmission apparatus 701 of Figure 7

generates the transmission frame 800 from a signal input
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to the signal transmission apparatus 701, and outputs the
transmission signal 704 including a series of transmission

frames 800 to the digital interface 702.

The management information 811 is information for
managlng data stored 1n the body portion 802. As the data,
the encoded audio information 803 and the non "encoded audio
information” 823 are stored in the body portion 802. The
management information 811l includes information indicating
whether the data stored in the body portion 802 is valid.
The svyvnchronization word information 821 indicates the
start of the block of the transmission frame 800. The

synchronization word information 821 is used to obtain the

repetition time between each transmission frame 800

se"quentially transmitted. The side 1information 822
indicates whether the encoded audio information 803 is
stored in the body portion 802. The non "encoded audio
information” 823 indicates the absence of encoded audio
information. The non "encoded audio information” 823 is

used to make the size of the data information 812 constant.

As shown in Figure 8(b), the transmission frame 850
consists of one block. The transmission frame 850 includes
a header portion 851 and a body portion 852. The header
portion 851 stores management information 861l. The body
portion 852 stores the data information 862. The
management information 861 includes synchronization word
information 871 and side 1information 872. The data
information 862 includes encoded audio information 853.
The data information 862 may include non "encoded audio

information”™ 873.

The signal transmission apparatus 701 of Figure 7
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generates the transmission frame 850 from a signal input
to the transmission  apparatus 701, and outputs the
transmlssion signal 704 including a series of transmission
frames 850 to the digital interface 702.

The management information 861 is information for
managling data stored in the body portion 852. As the data,
the encoded audio information 853 and the non "encoded audio
information” 873 are stored in the body portion 852. The
management information 861 includes information indicating
whether the data stored in the body portion 850 is valid.
The synchronization word information 871 indicates the
start of the block of the transmission frame 850. The
synchronization word information 871 is used to obtain a
repetition time between each transmission frame 850
sequentially transmitted. The side information 872
indicates whether the encoded audio information 853 is
stored 1n the body portion 852. The non “enco‘ded audio
information” 873 indicates the absence of encoded audio

information. The non "encoded audio information” 873 is

‘used to make the size of the data information 862 constant.

The size of the body portion 852 is twice as large as the
size of the body portion 802 of the transmission frame 800.

As described above, the encoded audio
information 803 and the encoded audio information 853 are
both one-frame data (i.e., data having the same number of
samples) which are encoded by the same encoding method.
However, since the sampling frequency of the encoded audio
ihformation 803 is different from the sampling frequency
of the encoded audio information 853, a reproduction time
of the encoded audio information 803 is different from that

of the encoded audio information 853. Further, a time
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required for the transmission frame 800 including the
encoded audio information 803 to be received by the signal
reception apparatus 703 1s different from a time regquired
for the transmission frame 850 including the encoded audio
information 853 to be received by the signal reception

apparatus 703.

In the above-described case, the time required for
the reception of the transmission frame 850 is twice as long
as the time required for the reception of the transmission
frame 800. The time required for the reproduction of the
encoded audio information 853 is twice as long as the time
required for the reproduction of the encoded audio
information 803. Further, the repetition time of a
transmission signal including the transmission frame 850
is twice as long as the repetition time of a transmission

signal including the transmission frame 800.

As described above with reference to Figure 8, when
the sampling frequency of one type of encoded audio
information is 1/2 of the sampling frequency of the other
type of encoded audio information, the repetition time of
a transmission signal carrying the one type of encoded audio
information is twice as long as the repetition time of the
other type of encoded audio information. Similarly, when
the sampling frequency of one type of encoded audio
information is 1/N of the sampling freguency of the other
type of encoded audio information, the repetition time of
a transmission signal carrying the one type of encoded audio
information is N times as long as the repetition time of
the other tyvpe of encoded audio information, where N is a
natural number more than or equal to 2. When the sampling

frequency of encoded audio information is decreased by a
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factor of 1/N, the size of a body portion received by the
signal receptlion apparatus 703 is increased by a factor of
N. As a result, the repetition time is also increased by
a factor of N.

As described above, although the same encoding
method 1s used, a repetition time varies depending on the
sampling frequency of encoded audio information. If the
transmission signal 704 is transmitted without notifying
the signal reception apparatus 703 that a different
repetition time is used, the signal reception apparatus 703
cannot be correctly synchronized with the transmission
signal 704. Therefore, the signal reception apparatus 703
needs to be at least notified that a'repetition time has
been changed in order to correctly receive the transmission

signal 704.

Alternatively, certain information relating to the
sampling frequency of encoded audio information is defined
in the management information in order to intermittently
notify the signal reception apparatus 703 of the repetition
time of the transmission signal 704. Conventionally, in
the ISO/IEC61397 standard, when the same encoding method
1s used but a different repetition time is used, a different
value 1is defined in data type information. The data type
information relating to data information is included in the
management information. However, when different data type
information is defined for each sampling frequency, the
number of data types to be written in data type information
1s 1ncreased. As a result, the bit field of the data type
information cannot be effectively used, so that the bit field

of the data type information becomes insufficient.
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DISCLOSURE OF THE INVENTION

According to one aspect of the present invention,
a signal transmission apparatus is provided for transmitting
a plurality of pieces of encoded audio information encoded
by the same encoding method via a digital interface to a
signal reception apparatus, in which each of the plurality
of pieces of encoded audio information has a sampling
frequency of F or 1/2 x F. The apparatus comprises a data
generating section for, based on one-frame data obtained
by dividing the encoded audio information into frames,
generating at least one block, and a data output section
for outputting the at least one block generated by the data
generating section to the digital interface. Each of the
at least one block includes a body portion, and a header
portion storing management information for managing data
stored in the body portion. The management information
includes synchronization word information indicating a
start of the block, and information indicating whether data
stored in the body portion is valid. When the encoded audio
information has a sampling frequency of F, the data
generating section generates one block for one-frame data
of the encoded audio information, stores one-frame data of
the encoded audio information in the body portion of the
generated block, and stores in the header portion of the
generated block the management information including
info'rmation 1ndicating that data stored in the body portion
of the generated block is valid. When the encoded audio
information has a sampling frequency of 1/2 x F, the data
generating section generates a pair of blocks including a
previous block and a subsequent block for one-frame data
of the encoded audio information, stores one-frame data of

the encoded audio information in the body portion of the
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generated previous block, stores in the header portion of
the generated previous block the management information
including information indicating that data stored in the
body portion of the generated previous block is valid, and
stores in the header portion of the generated subsequent
block the management information including information
indicating that data stored in the body portion of the
generated subsequent block is invalid. The sizes of the
previous block and the subsequent block generated by the
data generating section when the encoded audio information
has a sampling frequency of 1/2 x F are each equal to the
slze of the one block generated by the data generating
section when the encoded audio information has a sampling

frequency of F.

In one embodiment of this invention, the information
lndicating whether data stored in the body portion is valid
1s side information indicating whether the encoded audio
information is stored in the body portion, and when the side
information indicates that the encoded audio information
1is not stored in the body portion, the side information
indicates that the data stored in the body portion is

invalid.

In one embodiment of this invention, the data
generating section stores stuffing information in the body

portion in the subsequent block.

In one embodiment of this invention, the management
information further includes data type information
indicating an encoding method for data stored in the body
portion. The data type information of the previous block

is the same as the data type information of the block
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generated when the encoded audio information has a sampling
frequency of F. The data type information of the subsequent
block indicates an encoding method for data stored in the
body portion of the previous block irrespective of an
encoding method for data stored in the body portion of the

subsequent block.

According to another aspect of the present invention,
a signal transmission apparatus is provided for transmitting
a plurality of pieces of encoded audio information encoded
by the same encoding method via a digital interface to a
signal reception apparatus, in which each of the plurality
of pieces of encoded audio information has a sampling
frequency of For 1/N x F, where N is a natural number greater
than or equal to 2. The apparatus comprises a data
generating section for, based on one-frame data obtained
by dividing the encoded audio information into frames,
generating at least one block, and a data output section
for outputting the at least one block generated by the data
generating section to the digital interface. Each of the
at least one block includes a body portion, and a header
portion storing management information for managing data
stored in the body portion. The management information
includes synchronization word information indicating a
start of the block, and information indicating whether data
stored in the body portion is valid. When the encoded audio
information has a sampling frequency of F, the data
generating section generates one block for one-frame data
of the encoded audio information, stores one-frame data of
the encoded audio information in the body portion of the
generated block, and stores in the header portion of the
generated Dblock the management Iinformation including

information indicating that data stored in the body portion
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of the generated block is wvalid. When the encoded audio
information has a sampling frequency of 1/N x F, the data -
generating section generates a set of N blocks for one-
frame data of the encoded audio information, stores
one-frame data of the encoded audio information in the body
portion of a first block of the N generated blocks to be
output first, stores in the header portion of the first block
the management information including information
indicating that data stored in the body portion of the first
block 1s valid, and stores in the header portion of each
block of the N generated blocks other than the first block
the management information including information
indicating that data stored in the body portion of the each
block 1s invalid. The sizes of the N blocks generated by
the data generating section when the encoded audio
information has a sampling frequency of 1/N x F are each
equal to the size of the one block generated by the data
generating section when the encoded audio information has

a sampling frequency of F.

According to another aspect of the present invention,
a signal transmission method is provided for transmitting

a plurality of pieces of encoded audio information encoded

by the same encoding method via a digital interface to a

signal reception apparatus, in which each of the plurality
of pieces of encoded audio information has a sampling
frequency of F or 1/2 x F. The method comprises the steps
of generating at least one block based on one-frame data
obtalned by dividing the encoded audio information into
frames, and outputting the at least one block generated by
the data generating step to the digital interface. Each of
the at least one block includes a body portion, and a header

portion storing management information for managing data
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stored 1in the body portion. The management information
includes synchronization word information indicating a
start of the block, and information indicating whether data
stored 1n the body portion is valid. When the encoded audio
information has a sampling frequency of F, the data
generating step includes the step of generating one block
for one-frame data of the encoded audio information, storing
one-frame data of the encoded audio information in the body
portion of the generated block, and storing in the header
portion of the generated block the management information
including information indicating that data stored in the
body portion of the generated block is wvalid. When the
encoded audio information has a sampling frequency of 1/2
X F, the data generating step includes the step of generating
a palr of blocks including a previous block and a subseqguent
block for one-frame data of the encoded audio information,
stores one-frame data of the encoded audio information in
the body portion of the generated previous block, storing
in the header portion of the generated previous block the
management information including information indicating
that data stored in the body portion of the generated
previous block is valid, and storing in the header portion
of the generated subsequent block the management information
including information indicating that data stored in the
body portion of the generated subsequent block is invalid.
The sizes of the previous block and the subsequent block
generated by the data generating step when the encoded audio
information has a sampling frequency of 1/2 x F are each
equal to the size of the one block generated by the data
generating step when the encoded audio information has a

sampling frequency of F.

In one embodiment of this invention, the information
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i1ndicating whether data stored in the body portion is valid
is side information indicating whether the encoded audio
information is stored in the body portion, and when the side
information indicates that the encoded audio information
1s not stored in the body portion, the side information
indicates that the data stored in the body portion is

invalid.

In one embodiment of this invention, the data
generating step stores stuffing information in the body

portion 1n the subsequent block.

In one embodiment of this invention, the management'
information further includes data type information
indicating an encoding method for data stored in the body
portion. The data type information of the previous block
1s the same as the data type information of the block
generated when the encoded audio information has a sampling
frequency of FF. The data type information of the subsequent
block indicates an encoding method for data stored in the
body portion of the previous block irrespective of an
encoding method for data stored in the body portion of the
subsequent block.

According to another aspect of the present invention,
a signal transmission method is provided for transmitting
a plurality of pieces of encoded audio information encoded
by the éame encoding method via a digital interface to a
signal reception apparatus, in which each of the plurality
of pleces of encoded audio information has a sampling
frequency of For 1/N x F, where N is a natural number greater
than or equal to 2. The method comprises the steps of

generating at least one block based on one-frame data
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obtained by dividing the encoded audio information into
frames, and outputting the at least one block generated by
the data generating step to the digital interface. Each of
the at least one block includes a body portion, and a header
portion storing management information for managing data
stored in the body portion. The management information
includes synchronization word information indicating a
start of the block, and information indicating whether data
stored in the body portion is valid. When the encoded audio
information has a sampling frequency of F, the data
generating step includes the step of generating one block
for one-frame data of the encoded audio information, storing
one-frame data of the encoded audio information in the body
portion of the generated block, and storing in the header
portion of the generated block the management information
including information indicating that data stored in the
pbody portion of the generated block is wvalid. When the
encoded audio information has a sampling frequency of 1/N

X F', the data generating step include the step of generating

a set of N blocks for one-frame data of the encoded audio

information, storing one-frame data of the encoded audio
information in the body portion of a first block of the N
generated blocks to be output first, storing in the header
portion of the first block the management information
including information indicating that data stored in the
body portion of the first block is wvalid, and storing in
the header portion of each block of the N generated blocks
other than the first block the management information
including information indicating that data stored in the
body portion of the each block is invalid. The sizes of the
N blocks generated by the data generating step when the
encoded audio information has a sampling frequency of 1/N

x F are each equal to the size of the one block generated
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by the data generating section when the encoded audio

information has a sampling frequency of F.

As described above, in the present invention, even
when encoded audlio information has different sampling
frequencies, a transmission signal can be transmitted
without changing a repetition time by sequentially
transmitting a plurality of blocks having the same size.

Specifically, when the sampling frequency of one
type of encoded audio information is 1/2 of the sampling
frequency of the other type of encoded audio information,
two blocks having the same size as the size of a block which
1s used when one-frame data of the other type of encoded
audio 1nformation is transmitted are generated based on
one-frame data of the one of encoded audio information and
the two blocks are sequentially transmitted. Each of the
two transmitted blocks stores synchronization word
information indicating the stért of the block, so that the
repetition time of the transmission signal is constant
irrespective of the sampling frequencies of encoded audio
information. Therefore, the signal reception apparatus -
does not need to be notified of the repetition time. As a
result, the data type information of a transmission signal
for transmitting encoded audio information having different

sampling frequencies can be defined to be the same.

Further, according to the present invention,
management information stored in the header portion of a
block generated by the data generating section includes
information indicating whether data stored in the body
portion of the block isvalid. Therefore, a signal reception

apparatus receiving the block can retrieve information
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indicating whether data stored in the body portion of a block
in a header portion is valid so as to judge whether the data

stored 1n the body portion of the block is wvalid.

Still further, according to the present invention,
when encoded audio information has a sampling frequency of
1/2 xF, the body portion of a previous block stores one-frame
data of the encoded audio information while the header
portion of the previous block stores information that data
stored 1n the body portion of the previous block is wvalid

and the header portion of a subsequent block stores

information indicating that data stored in the body portion

of the subsequent block is invalid. Therefore, a signal
reception apparatus can extract encoded audio information
by extracting only the body portion of the previous block.
In such a case, the latency of a signal reception apparatus

can be set to a constant time.

The header portion of the subsequent block stores
information 1ndicating that encoded audio information is
not stored in the body portion of the subsequent block.
Therefore, the signal reception apparatus does not need to
exXxtract data stored in the body portion of the subsequent
block. 1In such a case, the body portion of the subsequent

block may store stuffing information.

When payvload length information stored in the header
portion of the subsequent block indicates that the payload
length of the body portion of the subsequent block is less
than a minimum value (e.g., zero), the signal reception
apparatus does not need to extract the body portion of the
subsequent block. The signal reception apparatus can

receive the entirety of the one-frame data of encoded audio
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information only by extracting only the body portion of the

previous block including encoded audio information.

In the above description, although the sampling
frequency of one type of encoded audio information is 1/2
of the sampling frequency of the other type of encoded audio

information, the present invention is not limited to this.

When the sampling frequency of one type of encoded
audio Information is 1/N of the sampling frequency of the
other type of encoded audio information, N blocks having
the same size as the size'of a block of when one-frame data
of the other type of encoded audio information is transmitted
may be generated based on one-frame data of the one type
of encoded audio information and the N generated blocks may
be sequentially transmitted. In this case, N is a natural

number greater than or equal to 2.
BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a diagram for explaining an audio data

processing apparatus according to the present invention.

Figure 2 1s a diagram showing structures of

transmission frames according to the present invention.

Figure 3 is a diagram showing detailed structures

of the transmission frames of Figure 2.

Figure 4 is a diagram showing a signal transmission

apparatus of the present invention.

Figure 5 is a diagram showing a signal reception
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apparatus according to the present invention.

Figure 6 is a diagram showing a structure of a
transmission frame according to the present invention which
includes encoding audio information having a sampling

frequency of 12 KkHz.

Figure 7 is a diagram for explaining a conventional

audlio data processing apparatus.

Figure 8 1is a diagram showing structures of

conventional transmission frames.
BEST MODE FOR CARRYING OUT THE INVENTION

Herelnafter, the present invention will Dbe
described by way of illustrative examples with reference

to the accompanying drawings.

One-frame data of encoded audio information is
herein a minimum unit which can be singly decoded or

reproducedf

The term "frame” as used herein refers to a
predetermined interval including a predetermined number of
data (samples) in a data stream. The predetermined number

1s, for example, 1024.

The term "transmission frame” as used herein refers
to a transmission unit corresponding to one-frame data of
encoded audio information to be transmitted to a digital

interface.



CA 02385149 2002-04-12

WO 02/17302 PCT/JP01/07231

10

15

20

25

30

The principle of the present invention will be

described below.

Figure 1 is a diagram for explaining an audio data
processing apparatus 100 according to the present invention.
The audio data processing apparatus 100 includes a signal
transmission apparatus 101l for transmitting a transmission
signal 104 including encoded audio information, a signal
reception apparatus 103 for receiving the transmission
signal 104, and a digital interface 102 for mediating the
transmission signal 104 between the signal transmission
apparatus 101 and the signal reception apparatus 103. The
digital interface 102 may be, for example, a device for
recording the transmission signal 104. The signal
reception apparatus 103 may be, for example, a device for

reproducing the transmission signal 104.

Now, 1t 1s assumed that encoded audio information
obtalined by the same encoding method but with different
sampling frequencies 1s transmitted via the same digital
interface 102 to the signal reception apparatus 103. The
transmission clock of the digital interface 102 and the
reception clock of the signal reception apparatus 103 are
both set to constant values while it is presumed that encoded

audio information has a sampling frequency of 48 kHz.

For the sake of simplicity, Figure 1 shows that a
single signal transmission apparatus 101 transmits the
transmission signal 104 via a single digital interface 102
to a single signal reception apparatus 103. The present
invention is not limited to this. For example, a single
digital interface 102 may be connected to a plurality of

signal reception apparatuses 103 so that the transmission
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signal 104 is transmitted simultaneously to the plurality
of signal reception apparatuses 103. Alternatively, a
single signal transmission apparatus 101 is connected to
a plurality of digital interfaces 102 so that the
transmission signal 104 may be transmitted to a further

large number of signal reception apparatuses 103.

Figure 2 1s a diagram showing structures of
transmission frames of the present invention including
encoded audio information. The transmission frame is a part
of the trahsmission signal 104. The transmission frames
are sequentially output £from the signal transmission

apparatus 101.

Figure 2(a) shows a structure of a transmission
frame 200 including encoded audio information 203. The
encoded audio information 203 is one-frame data obtained
by dividing encoding audio information having a sampling
frequency of 48 kHz into frames. Figure 2(b) shows a
structure of a transmission frame 250 including encoded
audio information 263. The encoded audio information 263
1s one-frame data obtained by dividing encoding audio
information having a sampling frequency of 24 kHz into
frames. In this case, an encoding method for the encoded
audio information 203 is the same as an encoding method for

the encoded audio information 263.

As shown in Figure 2(a), the transmission frame 200
consists of one block. The transmission frame 200 includes
a header portion 201 and a body portion 202. The header
portion 201 stores management information 211. The body
portion 202 stores data information 212. The management

information 211 includes synchronization word
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information 213 and side information 214. The data
information 212 includes the encoded audio information 203.
The data information 212 may include non "encoded audio

information” 218.

The signal transmission apparatus 101 of Figure 1
generates the transmission frame 200 from a signal input
to the signal transmission apparatus 101, and outputs the
transmission signal 104 includling a series of transmission

frames 200 to the diglital interface 102.

The management information 211 is information for

managing data stored in the body portion 202. As the data,

encoded audio information 203 and non “"encoded audio

information™ 218 are stored in the body portion 202. The
management information 211 includes information indicating
whether the data stored in the body portion 202 is valid.
In thilis case, since the body portion 202 stores the encoded
audio information 203, the information indicates that data
stored 1in the body portion 202 is wvalid. The
synchronization word information 213 is located at the head
of the block of the transmission frame 200, indicating the
start of the block of the transmission frame 200. The
synchronization word information 213 is used to obtain the
repetition time between each transmission frame 200
sequentially transmitted. An example of the information
indicating whether data stored in the body portion 202 is
valid is the side information 214. The slde
information 214 1indicates whether the encoded audio
information 203 is stored in the body portion 202. . The non
"encoded audio information” 218 indicates the absence of
encoded audio information. The non “"encoded audio

information” 218 is used to make the size of the data
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information 212 constant.

As shown 1n Figure 2(b), the transmission frame 250
includes a first block 260 and a second block 280.

The first block 260 1includes a first header
portion 261 and a first body portion 262. The first header
portion 261 stores first management information 271. The
first body portion 262 stores first data information 272.
The first management information 271 includes first
synchronization word information 273 and first side
information 274. The first data information 272 includes
the encoded audio information 263. The first data
information 272 may include non "encoded audio

information” 278.

The first management information 271 is information
for managing data stored in the first body portion 262. As
the data, encoded audio information 263 and non "encoded
audio Iinformation” 278 are stored in the first body
portion 262. The first management information 271
includes information indicating whether the data stored in
the first body portion 262 is valid. In this case, since
the first body portion 262 stores the encoded audio
information 263, the first management information 271
indicates that data stored in the first body portion 262
is valid. The first synchronization word information 273
1s Jlocated at the head of a first block 260 of the
transmission frame 250, indicating the start of the first
block 260 of the transmission frame 250. The first
synchronization word information 273 is used to obtain the
repetition time between the first block 260 and a second

block 280 which are sequentially transmitted. An example
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of the information indicating whether data stored in the
first body portion 262 is valid 1is the first side
information 274. The first side information 274 indicates
whether the encoded audio information 263 is stored in the
first body portion 262. The non “"encoded audio
information” 278 indicates the absence of encoded audio
information. The non "encoded audio information” 278 is
used to make the size of the first data information 272

constant.

The second block 280 includes a second header
portion 281 and a second body portion 282. The second
header portion 281 stores second management
information 291. The second body portion 282 stores second
data information 292. The second manoagement
information 291 includes second synchronization word
information 293 and second side information 294. The '
second data information 292 includes non “"encoded audio

information” 298.

The second management information 291 is
information for managing data stored in the second body
portion 282. As the data, non “"encoded audio
information” 298 is stored in the second body portion 282. .
The second management information 291 includes information
indicating whether the data stored in the second body
portion 282 is valid. In this case, since the second body
portion 282 does not store encoded audio information, the
second management information 291 indicates that data
stored in the second body portion 282 isinvalid. The second
synchronization word iﬁformation 293 is located at the head
of a second block 280 of the transmission frame 250,
indicating the start of the second block 280 of the



CA 02385149 2002-04-12

WO 02/17302 PCT/JP01/07231

10

15

20

25

30

transmission frame 250. The second synchronization word
information 293 is used to obtain the repetition time
between the first block 260 and a second block 280 which
are sequentially transmitted. An example of the
information indicating whether data stored in the second
body portion 282 isvalid is the second side information 294.
The second side information 294 indicates whether encoded
audio 1nformation is stored in the second body portion. 282.
The non "encoded audio information” 298 indicates the
absence of encoded audio information. The non "encoded
audio information” 298 is used to make the size of the second

data information 292 constant.

In this case, the size of the first body portion 262
1s equal to the size of the second body portion 282. Further,
the size of the first body portion 262 is equal to the size
of the body portion 212. Furthermore, the header
portion 201, the first header portion 261, and the second
header portion 281 have the same size. Therefore, one block
of the transmission frame 200, the first block 260, and the

second block 280 have the same size.

The signal transmission apparatus 101 of Figure 1
generates the transmission frame 250 from a signal input
to the signal transmission apparatus 101, and outputs the
transmission signal 104 including a series of transmission
frames 250 to the diglital interface 102. The first
block 260 1s output earlier than the second block 280.

In this case, the transmission frame 250 of
Figure 3(b) of the present invention can be compared with
the conventional transmission frame 850 of Figure 8(b).

The two equal parts of the data information 862 of the
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transmission frame 850 correspond to the first data
information 272 of the first block 260 and the second data
information 292 of the second block 280 in the transmission
frame 250. The size of the body portion 852 is equal to the
sum of the size of the first body portion 262 and the size
of the second body portion 282. IFurther, the encoded audio
information 263 corresponds to the encoded audio

information 853.

Referring to Figure 2(b), the first synchronization
word 1nformation 273 indicates the start of the first
block 260, and the second synchronization word
information 293 indicates the start of the secondblock 280.
In this case, the repetition time between the first block 260
and the second block 280 is equal to the repetition time

between each of the sequential transmission frames 200.

With the above-described structure, even when the
sampling frequency of the encoded audio information 263 is
different from the sampling frequency of the encoded audio
information 203, the repetition time of a transmission
signal 1is constant. Therefore, the signal reception
apparatus 103 can correctly receive a transmission signal
even 1f the signal reception apparatus 103 is not notified

of a change in the repetition time.

Ssince the entirety of the encoded audio
information 263 1s included in the first data
information 272, the second data information 292 is the non
"encoded audio information” 298 indicating the absence of
encoded audio information. Therefore, the encoded audio
information 263 itself is transmitted using only the first

block 260 in the transmission frame 250. As a result, the
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signal reception apparatus 103 can always set the latency

of encoded audio information to the same time.

Hereinafter, +the present invention will Dbe

summarized.

According to the present invention,r a data
generating section generates one block for one-frame data
of encoded audio information when the encoded audio
information has a sampling frequency of F, and generates
a palr of blocks including a previous block and a subsequent
block for one-frame data of encoded audio information when
the encoded audio information has a sampling frequency of
1/2 x F. The size of each of the previous block and the
subsequent block generated by the data generating section
for one-frame data of encoded audio information when the
encoded audio information has a sampling frequency of 1/2
x F, 1s equal to one block generated by the data generating
section for one-frame data of encoded audio information when
the encoded audio information has a sampling frequency of
F. Purther, each of the blocks generated by the data
generating section includes synchronization - word

information indicating the start of the block.

Therefore, the repetition time between each block
generated for encoded audio information having a sampling
frequency of 1/2 x F is equal to the repetition time between
each block generated for encoded audio informatj:on having
a sampling frequency of F. As a result, the signal
transmission apparatus can transmit encoded audio
information having a sampling frequency of 1/2 x F and
encoded audio information having a sampling frequency of

F without providing notification of a change in the
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repetition time.

Further, according to the present 1invention,
management ilnformation stored in the header portion of a
block dgenerated by the data generating section includes
information indicating whether data stored in the body
portion of the block is wvalid. Therefore, the signal
reception apparatus receiving the block retrieves, from the
head portion, the information indicating whether data stored
in the body portion of the block is valid and judges whether
the data stored in the body portion of the block is valid.

Furthermore, according to the present invention,
when encoded audio information has a sampling frequency of
1/2 x F, one-frame data of the encoded audio information
is stored in the body portion of the previous blbck, and
information indicating that the data stored in the body
portion of the previous block is valid is stored in the header
portion of the previous block while information indicating
that the data stored in the body portion of the subsequent
block 1is invalid is stored in the header portion of the
subsequent block. Therefore, +the signal reception
apparatus can extract encoded audio information by
extracting only the body portion of the previous block. In
this case, the latency of the signal reception apparatus
receiving one-frame data of encoded audio information is

constant.

Figure 3 1s a diagram showing the detailed
structures of the transmission frames of Figure 2. In
Figures 2 and 3, like parts are referenced by like numerals

and description thereof is omitted.
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As shown in Figure 3(a), in a transmission frame 200,
silde information 214 includes data type information. 215 and
payload length information 216. - The data  type
information 215 is information about an encoding method for
data stored 1in a body pbrtion 202. The payload length
information 216 is information about the length (payload
length) of encoded audio information 203 1in the: body
portion 202.

The data information 212 may 1include stuffing
information 215. The stuffing information 215 is stuffed
with 2zero, which 1s a type of non "encoded audio
information” 218 (Figure 2(a)).

Burst 1information 221 includes synchronization

word information 213, the side information 214, and the

~encoded audio information 203. The burst information 221

represents a data packet of the transmission frame 200.

As shown 1n Figure 3(b), in a first block 260, the
first side Iinformation 274 Iincludes first data type
information 275 and first pavyload length information 276.
The first data type information 275 includes information
about an encoding method for data stored in the first body
portion 262. The first pavload length information 276 is
information about the length (first payload length) of the

encoded audio information 263 in the first body portion 262.

The first data information 272 may include stuffing
information 279. The stuffing information 279 is stuffed
with zero, which 1is a type of non "encoded audio

information” 278 (Figure 2(b)).
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First burst I1nformation 277 includes first
synchronization word information 273, the first side
information 274, and the encoded audio information 263.
The first burst information 277 represents a data packet
of the first block 260.

second side information 294 includes second data
type information 295 and second payload length
information 296. In an example of the present invention,
the second data type information 295 may be information
about an encoding method for data stored in the second body
portion 282. In another example of the present invention,
the second data type information 295 may be information
about an encoding method for data stored in the first body
portion 262 of the first block 260 irrespective of an
encoding method for data stored 1in the second body
portion 282. The second payload length information 296 is
information about the length (second payload length) of
encoded audio information in the second body portion 282.
In this case, the second pavload length information 296
indicates that the second payload length of the second body
portion 282 1is lesé than a predetermined minimum value (e.qg.,
Zero) . The signal reception apparatus 103 (Figure 1)
retrieves the second payload length information 296, so that
the absence of encoded audio information in the second
block 280 can be determined without directly detecting the
entirety of the second body portion 282.

The second data Iinformation 292 may include
stuffing information 299. The stuffing information 299 is
stuffed with zero, which is a type of non "encoded audio

information” 298 (Figure 2(b)).
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Second burst information 297 includes second
synchronization word information 293 and second side
information 294. The second burst 1nformation 297

represents a data packet of the second block 280.

The signal transmission apparatus 101 of Figure 1
generates the transmission frame 250 from a signal input
to the signal transmission apparatus 101, and outputs the
transmission signal 104 including a series of transmission

frames 250 to the digital interface 102.

In this example of the present invention, since the
repetition time of a transmission signal including the
encoded audio information 203 is equal to the repetition
time of a transmission signal including the encoded audio
information 263. Therefore, data type information does not
include information about a repetition time, and only
indicates an encoding method for data stored in the body
portion of a corresponding block. Alternatively, the
second data type information 295 may indicate an encoding
method for the encoded audio information 263 stored in the
fipst body portion 262 indicated by the first data type

information 275.

Further, the signal reception apparatus 103
retrieves the first payload length information 276 and the
second payvload length information 296 so as to extract the
body portion of a block whose pavyload length is not less
than a predetermined minimum value, thereby making it
possible to receive encoded audio information without an

extra operation.

Hereinafter, structures of the signal transmission
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apparatus 101 and the signal reception apparatus 103 of‘this
example will be described. In the fbllowing descripfion,
a case where an elementary stream in an ADTS format of MPEG2
AAC (Advanced Audio Coding) [hereinafter referred to as an

AAC stream] is transmitted will be discussed.

In this case, it is assumed that the sampling
frequency .of an AAC stream is 24 kHz, and the transmission
clock of the digital interface 102 and the reception clock
of the signal reception apparatus 103 are designed.while
the sampling frequency of encoded audio information 1is
presumed to be 48 kHz. It should be noted that the size of

the transmission frame 200 is 32768 Dbits.

Figure 4 is a diagram showing an exemplary structure
of the signal transmission apparatus 101 of the present

invention.

The signal transmission apparatus 101l includes a
data generating section 400 and a data output section 450.
The data generating section 400 includes a bit counter 411,
an information switching section 412, a block counter 413,
a stuffing'information generating section 414, a stream
buffer 415, and a management information generating
section 420. The management information dgenerating
section 420 includes a synchronization word information
generating section 421 and a side information generatling
section 422. The side information generating section 422
includes a data type information generating section 431 and
a pavyload length information generating section 432. The
data output section 450 includes an output buffer 451.

Hereinafter, a case where the signal transmission
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apparatus 101 transmits +the +{transmission frame 250
including the f£first block 260 and the second block 280 of
Figure 3(b) will be described.

The sizes of constituents 1included 1in the

transmission frame 250 will be described below.

The sizes of the first block 260 and the second
block 280 are each 32768 bits. The sizes of the first header
portion 261 and the second header portion 281 are each 64
bits. The sizes of the first synchronization word
information 273 and the second synchronization word
information 293 are each 32 bits. The sizes of the first
side information 274 and the second side information 294
are each 32 Dbits. The sizes of the first data type
information 275 and the second data type information 295
are each 16 bits. The sizes of the first pavload length
information 276 and the second payload length
information 296 are each 16 bits.

An operation of the signal transmission
apparatus 101l generating the first block 260 of the
transmission frame 250 and outputting the generated first
block 260 will be described.

After the signal transmission apparatus 101 is
activated, the stream buffer 415 receives an AAC stream.
The AAC stream 1includes header information and data
information. The header information of the AAC stream
includes information about the data information of the AAC
stream. The header information of the AAC stream includes,
for example, information about the sampling frequendy'of

the data i1nformation of the AAC stream, information about
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the length of a frame (frame length) of the data information
of the AAC stream, and information about the type of the
data information of the AAC stream. The information about
the type of the data information includes information about

an encoding method.

The stream buffer 415 outputs the data information
of the AAC stream to the information switching section 412.
The stream buffer 415 extracts the header information of
the AAC stream, and outputs the extracted header information

to the management information generating section 420.

The side information generating section 422 of the
management information generating section 420 generates
the first side information 274 based on the header
information of the AAC stream output from the stream
buffer 415, and outputs the dJgenerated first side

information 274 to the information switching section 412.

Specifically, the data type information generating
section 431 of the side information generating section 422
generates the first data type information 275 ba:sed on
information about the type of the data information of the
AAC stream included 1in the header information of the AAC
stream, and outputs the generated first data type
information 275 to the information switching section 412.
The payload length information generating section 431 of
the side information generating section 422 generates the
first payload length information 276 based on information
about a frame length included 1n the header information of
the AAC stream, and outputs the generated first payload
length 1information 276 to the information switching

section 412.
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The synchronization word information generating
section 421 of the management information generating
section 420 generates and outputs the first synchronization
word 1information 273 to the information switching

section 412.

The stuffing information generating section 414
outputs the stuffing information 279 to the information

switching section 412.

The information switching section 412 selects,
based on a signal from the bit counter 411, any of at least
the one-frame data information of the AAC stream (i.e., the
encoded audio information 263), the first synchronization
word infofmation 273, the first data type information 275,
the first payload length information 276, and the stuffing
information 279, and outputs the selected information to
the output buffer 451.

The output buffer 451 outputs information output
from the information switching section 412 as the first
block 260 to the digital interface 102. It should be noted
that as described with reference to Figures 2 and 3, the
transmission frame 250 is a part of the transmission
signal 104, and a series of transmission frames 250 are
output. The transmission frame 250 includes the first
block 260 and the second block 280.

The blit counter 411 counts the number of bits of the
first block 260 output from the output buffer 451. The
information switching section 412 outputs 1information,

selected based on the count wvalue obtained by the bit
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counter 411, to the output buffer 451. The information
switching section 412 selects a sequence of information in
such a manner as to produce the £irst block 260, and outputs

the information to the output buffer 451.

The value of the bit counter 411 at the time when
the leading blit of the first block 260 is output from the
output buffer 451 is set to zero. The wvalue of the bit
counter 411 is incremented by one every time one bit of the
first block 260 is output £from the output buffer 451. After
the value of fhe blt counter 411 reaches the maximum value,
the value of the bit counter 411 is reset to 2zero and
thereafter 1s increased toward the maximum value again. The
maximum value corresponds to the size of the first block 260,
i1.e., the size of the transmission frame 200. In this
example, the maximum value of the bit couﬁter 411 1s 32768.
With the thus-constructed structure, all bits in a block

can be given different numbers.

When the value of the bit counter 411 is in the range
of 0 to 31, the information switching section 412 outputs
the first synchronization word information 273.
Thereafter, when the value of the bit counter 411 is in the
range of 32 to 63, the information switching section 412
outputs the first side information 274. Specifically, when
the value of the bit counter 411 is in the range of 32 to
47, the information switching section 412 oﬁtputs the first
data type 1nformation 275. When the wvalue of the bit
counter 411 is in the range of 48 to 63, the information
switching section 412 outputs the first pavlioad length
information 276.

The information switching section 412 outputs the



CA 02385149 2002-04-12

WO 02/17302 PCT/JP01/07231

10

15

20

25

30

encoded audio 1nformation 263 once the value of the bit
counter 411 is 64 up until the data information of the AAC
stream corresponding to one frame (i.e., the encoded audio

information 263) is output.

In other words, the 1information switching
section 412 outputs the data information of the AAC stream
as the encoded audio information 263 to the output
buffer 451 during the time that the wvalue of the bit
counter 411 is changed from 64 to the sum of 64 and a value
indicated by the first payload length information 276. In
this case, the bit counter 411 controls a signal for
controlling the information switching section 412 based on
the first side information 274 from the side information
generatling section 422. Specifically, the bit counter 411
controls a signal for controlling the information switching
section 412 based on a first payload length indicated by
the first payload length information 276 generated by the

payload length information generating section 432.

When the size of the first burst informatipn 277 is

less than the size of the first block 260, the information

switchling section 412 outputs the stuffing information 279

during the time that the value of the bit counter 411 is
changed from the sum of 64 and the value of the first payload
length to zero.

When the value of the bit counter 411 reaches the
maximum value, the value of the bit counter 411 returns to
zero and at the same time the value of the block counter 413
1s updated from one to zero. In this case, the output
operation of the first block 260 is completed and thereafter

the output operation of the second block 280 is begun.
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The value of the block counter 413 is updated to one
when the value of the bit counter 411 returns to zero. 1In
this éase, the output operation of the second block 280 is
completed and thereafter the output operation of a first
block 260 corresponding to another type of encoded audio

information is begun.

The block counter 413 indicates a block of a
transmission frame to which a signal output from the output
buffer 451 is related.

In an example of the present invention, when the
value of the block counter 413 is zero, the payload length
information generating section 432 converts information
about the frame length of the header information of the AAC
stream 1nto the number of bits to generate the first payload
length information 276. The generated first payload length
information 276 is output via the information switching
section 412 from the output buffer 451. The first payload
length information 276 has a bit field of 16 bits in the
first block 260.

When the value of the block counter 413 is not zero
(i.e., 1), that is, the second block 280 is transmitted,
an operation of the data generating section 400 during the
time that the value of the bit counter 411 is in the range
of 0 to 47 1is similar to when the first block 260 is

transmitted.

The payload length information generating
section 432 generates the second payload length

information 296 in a manner similar to that for the first
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payload length information 276. When the entirety of the
encoded audio information 263 of the transmission frame 250
1s 1ncluded in the first block 260 while the body portion 282
in the second block 280 does not store encoded audio
information, all of the 16 bits of the bit field of the second
payload length information 296 are zero. Alternatively,
the second payload length information 296 has a value less |
than a predetermined minimum value. In either case, the
second payload length information 296 indicates that the
second payload length of the second body portion 282 is zero.
The 1nformation switching section 412 outputs the second
payload length information 296 during the time that the
value of the bit counter 411 is in the range of 48 to 63.

Since the second payload léngth is zero, the
information switching section 412 outputs the stuffing
information 299 to the output buffer 451 during the time
that the value of the bit counter 411 is in the range of

63 to the maximum value.

In the above-~-described operation according to the
present invention, the signal transmission apparatus 101l
eXtracts the encoded audio information 263 from the AAC
stream input to the signal transmission apparatus 101, and

transmlits the extracted encoded audio information 263.

Similarly, when the transmission frame 200 is
transmitted, the signal transmission apparatus 101l
extracts the encoded audio information 203 from the AAC
stream input to the signal transmission apparatus 101, and
transmits the extracted encoded audio information 203. The
transmission frame 200 1s generated in a manner similar to

the first block 260 of the transmission frame 250.
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Further, the stream buffer 415 may obtain the
sampling frequency of the data information of the AAC stream
based on the header information of the AAC stream, and may

modlfy the operation of the information switching

section 412 controlled by the values of the bit counter 411

and the bit counter 411 based on the obtained sampling:

freqguency.

For example, the bit counter 411 may modify the
control of the information switching section 412 based on
data type information output from the data type information
generating section 431. Alternatively, the control of the
information switching section 412 may be modified based on
information about the type of data information included in
the header information of the AAC stream extracted by the
stream buffer 415. |

With the signal transmission apparatus 101l of this

example, when the sampling frequencies of encoded audio

information differ from one another, transmission signals

having the same repetition time are generated, ahd the
transmission signal 104 including encoded audio
information only in the first block of the two blocks is
generated. @ In this case, the signal reception
apparatus 103 distinguishes a block in the transmission
signal 104 including encoded audio information from a block
which does not include encoded audio information, thereby

making it possible to correctly receive information.

Further, 1rrespective of the ratios of the
transmission clock of the digital interface 102 and the

reception clock of the signal reception apparatus 103 to
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the sampling frequency of the AAC stream, if the transmission
clock of the digital interface 102 and the reception clock
of the signal reception apparatus 103 are constant, the
signal reception apparatus 103 can receive the transmission
signal 104 including encoded audio information having a
different sampling frequency at the same latency.
Therefore, the signal reception apparatus 103 can be easily

synchronized with any other apparatus.

In the above-described example, the AAC stream which
has been encoded is input to the stream buffer 415. The
present 1nvention 1is not limited to this. The data
generating section 400 may include a device for encoding
audio information, and the audio information may be directly

input to the data generating section 400.

Figure 5 1s a diagram showing an exemplary structure
of the signal reception apparatus 103 of the present

invention.

The signal reception apparatus 103 includes a
synchronization establishing section 510, an encoded audio
information extracting section 520, and a payload length
analyzing section 530. The synchronization establishing
section 510 includes a bit counter 511. The encoded audio
information extracting section 520 includes an information

switching section 521 and a stream buffer 522.

Hereinafter, a case where the signal reception
apparatus 103 receives the transmission frame 250 of
Figure 3(b) including the first block 260 and the second
block 280 will be described. |
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In the signal reception apparatus 103, the
synchronization establishing section 510 retrieves the
first synchronization word information 273 of the
transmission signal 104 input via the digital
interface 102.

After finding the first synchronization word
information 273 in the first block 260 of the transmission
frame 250, the synchronization establishing section 510
analyzes the first data type information 275 included in
the first management information 271.

As a result of the analysis, when it is judged that
an encoding method of the encoded audio information 263 in
the first block 260 is of a desired type (e.g., AAC stream),
the bit counter 511 of the synchronization establishing
section 510 1is set to zero at intervals having a size
corresponding to the repetition time of the signal (in this
case, 32768 bits).

The synchronization establishing section 510
judges whether synchronization of the transmission
signal 104 1is established. The jJjudgment of the
synchronization is conducted by determining whether the
second synchronization word information 293 is present
after the first block 260 from the retrieved first
synchronization word information 273, for example.
Alternatively, the judgment of the synchronization is
conducted based on whether synchronization word information
can be detected in intervals (32768 bits) between the first
block 260 and the second block 280 in the transmission
signal 104 five consecutive times. When synchronization is
established, the bit counter 511 1s set to zero at the head
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of the first synchronlization word information 273, i.e.,
at the starting point of the block 260 indicated by the first

synchronization word information 273.

The value of the bit counter 511 is incremented by
one from zero to the maximum value (i.e., 32767) every time
one bit of the first block 260 is input from the digital
interface 102. The value of the bit counter 511 is reset
to zero after reaching the maximum value. Therefore, the
value of the bit counter 511 is operated in such a manner
as to be reset to zero at the head of the first synchronization
word information 273 of the first management
information 271, or the head of the second synchronization
word information 293 of the second management

information 291.

When the synchronization establishing section 510
judges that synchronization is established, the
transmission frame 250 is output to the encoded audio

information extracting section 520.

In the encoded audio information extracting
section 520, the information switching section 521
switches the destinations of the transmission frame 250 in
such a manner as to output either the first pavload length
information 276 of the £first block 260 or the second payload
length information 296 of the second block 280 in the
transmission frame 250 to the payload length analyzing'
section 530, based on the value of the bit counter 511

(specifically, when the bit counter 511 is in the range of
48 to 63).

The payload length analyzing section 530 analyzes
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the first payload length information 276 in the first
block 260, or the second payload length information 296 in
the second block 280 to obtain the first payload length or
the second payload length.

In an example of the present invention, when the
value of the bit' counter 511 is 48, the payload length
analyzing section 530 is activated, and 16 bits of each of
the first block 260 and the second block 280 corresponding
to the value range of the bit counter 511 from 48 to 63 are
analyzed to determine the first payload length and the second
payload length. o

As a result of the analysis of the payload length.
analyzing section 530, when the payload length is judged
to be zero, 1.e., encoded audio information is not present
in the analyzed block, the encoded audio information
extracting section 520 does not read the transmission
frame 250 1n accordance with a signal from the payload length
analyzing section 530 until the bit counter 511 is reset

to zero, i.e., the information switching section 521 in the

-encoded audio information extracting section 520 does not

output information about a transmission frame to the stream

buffer 522 when the payload length of a block is zero.

As a result of the analysis of the payload length
analyzing section 530, when the payload length is judged

not to be 2zero, the information switching section 521

outputs encoded audio information to the stream buffer 522

based on a signal from the payload length analyzing
section 530 until the value of the bit counter 511 is changed
from 64 to the sum of 64 and the payload length. The stream

buffer 522 can output encoded audio information in any form.
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In this manner, the signal reception apparatus 103
can recelive encoded audio information transmitted wvia the
digital interface 102 and correctly extract only encoded

audilo information.

In  the above-described example, when
synchronization word information 1is detected five
consecutive times in a predetermined repetition time, the
establishment of synchronization is judged. The present
invention is not limited to five consecutive times. The
number of times synchronization word information is detected
may be any value as long as accurate synchronization is

established. Further, if a similar effect is obtained,

synchronization word information does not need to be

consecutively detected.

In the above-described example, encoded audio
information having a sampling frequency of 24 kHz or 48 kHz.
1s output to the diglital interface which is presumed to
receive encoded audio information having a sampling
frequency of 48 kHz. With such a structure, encoded audio
information having a different sampling frequency can be
transmitted without notificatzion or modification of the

repetition time of a transmission signal.

In the above-described example, the sampling
frequency of one 'type of encoded audio information is 1/2
of the sampling frequency of the other type of encoded audio
information. The present invention is not limited to this.
The present invention can be applicable when the sampling
frequency of one type of encoded audio information is 1/N

of the sampling frequency of the other type of encoded audio
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information. In this case, Nis any natural number more than

or equal to 2. l

In this case, the number of blocks in a transmission

frame i1s N. Out of the N blocks, for example, only the data

informationof a f£first block to be transmitted first includes '

encoded audio Iinformation, and all pieces of .data

- information of blocks other than the first block indicate

that no encoded audio information is 1ncluded in the
respectlive block. Using such information, encoded audio
information 1s extracted from the data information of only
the first block.

Hereinafter, a structure of a transmission frame
when N 1s other than 2, specifically when N is 4, will be

described.

Figure 6 is a diagram showing a structure of a
transmission frame 600 including four blocks according to

the present invention.

It is assumed that, for example, one-frame data of
encoded audio information 625 obtained by dividing encoded
audio information having a sampling frequency of 12 kHz into
frames i1s transmitted to the digital interface 102 and the
signal reception apparatus 103 (Figure 1) which are
presumed to receive encoded audio Iinformation having a
sampling frequency of 48 kHz. 1In this case, a transmission

frame 600 has a structure as shown in Figure 6.

The repetition time between blocks of the
transmission frame 600 is equal to the repetition time of

a transmission signal when the one-frame data of encoded
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audlio information having a sampling frequency of 48 kHz is
transmitted to the digital interface 102 and the signal
reception apparatus 103 which are presumed to receive a

transmission signal having a sampling frequency of 48 kHz.

The transmission frame 600 includes a first

block 610, a second block 630, a third block 650, and a
fourth block 670.

The first block 610 includes a <first header
portion 61l and a first body portion 612. The first header
portion 611 stores first management information 621. The
first body portion 612 stores first data information 622.
The first management information 621 includes first
synchronization word information 623 and firsf side
information 624. The first data information 622 includes
The encoded audio information 625 and stuffing
information 626.

The second block 630 includes a second header
portion 631 'and a second body portion 632. The second
header portion 631 stores second management
information 641l. The second body portion 632 stores second
data information 642. The second management
information 641 1includes second synchronization word
information 643 and second side information 644. The
second data information 642 :includes stuffing

information 645.

The third block 650 includes a third header
portion 651 and a third body portion 652. The third header
portion 651 stores third management information 661. The

third body portion 652 stores third data information 662.
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The third management information 661 includes second third
synchronization word information 663 and third side
information 664. The third data information 662 includes

stuffing information 665.

The fourth block 670 includes a fourth header
portion 671 and a fourth body portion 672. The fourth
header portion 671 stores fourth ménagement
information 681l. The fourth body portion 672 stores fourth

10 data information 682. - The fourth management
information 681 includes fourth synchronization word
information 683 and fourth side information 684. - The
fourth data information 682 includes stuffing
information 685. |

15

In this case, the first synchronization word
information 623 and the second synchronization word
information 643 are used to obtain the repetition time
between the first block 610 and the second block 630. The

20 second synchronization word information 643 and the third
synchronization word information 663 are used to obtain the
repetition time between the second block 630 and the third
block 650. The third synchronization word information 663
and the fourth synchronization word information 683 are used

25 to obtain the repetition time between the third block 650
and the fourth Dblock 670. Further, the fourth
synchronization word information 683 and the first
synchronization word information 623 of an immediately
subsequent transmission frame 600 are used to obtain the

30 repetition time between the corresponding blocks.

In the above-described example, since one frame of

MPEG2 AAC stream is specifically described, the maximum
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value of the bit counters 411 (Figure 4) and 511 (Figure 5)
1is 32768. The present invention isnot limited tothis. The
maximum number of the bit counters 411 and 511 is dependent'
on the number of samples 1included 1in encoded audio

5 information and varies among encoding methods.

When encoded audio information is other than the AAC
stream, encoded audio information having different sampling
frequencies can be transmitted at the same repetition time.

10
INDUSTRIAL APPLICABILITY

Therefore, according to the present invention, the

repetition time between blocks generated from encoded audio

15 information having a sampling frequency of 1/N x F is equal
to the repetition time between blocks generated from encoded

audio information having a sampling frequency of F. As a
result, asignal transmission apparatus can transmit encoded

audio i1nformation having a sampling freguency of 1/N x F

20 and encoded audio information having a sampling frequency
of ¥ without notifying a signal reception apparatus of a
change in the repetition time. Therefore, when encoding
methods of encoded audio information are the same and the
sampling frequencies are different, transmission signals

25 can be defined by the same data type information.

Further, the signal reception apparatus, which
receives a transmission signal generated by the signal
transmission apparatus or the signal transmission method

30 of the present invention, can retrieve, froma header portion,
information indicating whether data stored in the body
portion of a block is valid so as to judge whether the data
stored in the body portion of the block is wvalid.
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Furthermore, the signal reception apparatus, which
receives a transmission signal generated by the signal
transmission apparatus or the signal transmission method

5 of the present 1invention, can extract encoded audio
information by extracting only the body portion of a first
output block. In this case, the latency of the signal -
reception apparatus receiving one-frame data of encoded

audio information is constant.
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CLAIMS

1. A signal transmission apparatus for transmitting a
plurality of pieces of encoded audio information encoded

by the same encoding method via a digital interface to a

- signal reception apparatus, wherein each of the plurality

of pileces of encoded audio information has a sampling
frequency of F or 1/2 x F, the apparatus comprising:

a data generating section for, based on one-frame
data obtained by dividing the encoded audio information into
frames, generating at least one block: and .

a data output section for outputting the at least
one block generated by the data generating section to the
digital interface,

wherein:

each of the at least one block includes a body portion,
and a header portion storing management information for
managing data stored in the body portion;

the management information includes
synchronization word information indicating a start of the
block, and information indicating whether data stored in
the body portion is valid;

when the encoded audio information has a sampling
frequency of F, the data generating section generates one.
block for one-frame data of the encoded audio information,
stores one-frame data of the encoded audio information in
the body portion of the generated block, and stores in the
header portion of the gdenerated block the management
information including information indicating that data
stored in the body portion of the generated block is valid:

when the encoded audio information has a sampling
frequency of 1/2 x F, the data generating section generates

a palr of blocks including a previous block and a subsequent
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block for one-frame data of the encoded audio information,
stores one-frame data of the encoded audio information 1in
the body portion of the generated previous block, stores
in the header portion of the generated previous block the
management information including information indicating
that data stored in the body portion of the generated
previous block is valid, and stores in the header portion.
of the generated subsequent block the management information
including information indicating that data stored in the
body portion of the generated subsequent block is invalid;
and

the sizes of the previous block and the subsequent
block generated by the data generating section when the
encoded audio information has a sampling frequency of 1/2
x F are each equal to the size of the one block generated
by the data generating section when the encoded audio

information has a sampling frequency of F.

2. A signal transmission apparatus according to claim 1,
wherein the information indilicating whether data stored in
the body portion is valid is side information indicating
whether the encoded audio information is stored in the body
portion, and when the side information indicates that the
encoded audio information is not stored in the body portion,
the side information indicates that the data stored in the

body portion is invalid.

3. A signal transmission apparatus according to claim 1,
wherein the data dgenerating section stores stuffing

information in the body portion in the subsequent block.

4. A signal transmission apparatus according to claim 1,

wherelin:
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the management information further includes data
type 1nformation indicating an encoding method for data
stored in the body portion:

the data type information of the previous block is
the same as the data type information of the block generated
when the encoded audio information has a sampling frequency
of F; and

the data type information of the subsequent block
indicates an encoding method for data stored in the body
portion of the previous block irrespective of an encoding
method for data stored in the body portion of the subsequent
block.

5. A signal transmission apparatus for transmitting a
plurality of pieces of encoded audio information encoded
by the same encoding method via a digital interface to a
signal reception apparatus, wherein each of the plurality
of pieces of encoded audio information has a sampling
frequency of For 1/N x F, where N is a natural number greater
than or equal to 2, the apparétus comprising:

a data generating section for, based on one-frame
data obtained by dividing the encoded audio information into
frames, generating at least one block:; and

~a data output section for outputting the at least
one block generated by the data generating section to the
digital interface,

wherein:

each of the at least one block includes a body portion,
and a header portion storing management information for
managing data stored in the body portion:

the management information includes
synchronization word information indicating a start of the

block, and information indicating whether data stored in
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the body portion 1is valid:

when the encoded audio information has a sampling
frequency of F, the data generating section generates one
block for one-frame data of the encoded audio information,
stores one-frame data of the encoded audio information in
the body portion of the generated block, and stores in: the
header portion of the generated block the management
information including information indicating that data
stored in the body portion of the generated block is valid:

when the encoded audio information has a sampling
frequency of 1/N x F, the data generating section generates
a set of N blocks for one-frame data of the encoded audio
information, stores one-frame data of the encoded audio
information in the body portion of a first block of the N
generated blocks to be output first, stores in the header
portion of the first block the management information
including information indicating that data stored in the
body portion of the first block is valid, and stores in the
header portion of each block of the N generated blocks other
than the first block the management information including
information indicating that data stored in the body portion
of the each block is invalid; and

the sizes of the N blocks generated by the data
generating section when the encoded audio information has
a sampling frequency of 1/N x F are each equal to the size
of the one block generated by the data generating section
when the encoded audio information has a sampling frequency
of F.

6. Asignal transmissionmethod for transmittingaplurality
of pieces of encoded audio information encoded by the same
encoding method via a digital interface to a signal reception

apparatus, wherein each of the plurality of pieces of encoded
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audio information has a sampling frequency of F or 1/2 x
F, the method comprising the steps of:

generating at least one block based on one-frame
data obtained by dividing the encoded audio information into
frames; and

outputting the at least one block generated by the
data generating step to the digital interface,

wherein:

each of the at least one block includes a body portion,
and a header portion storing management 1nformation for
managing data stored in the body portion:

the management « = .information includes
synchronization word information indicating a start of the
block, and information indicating whether data stored in
the body portion is wvalid:

when the encoded audio information has a sampling

frequency of F, the data generating step includes the step

of generating one block for one-frame data of the encoded
audio information, storing one-frame data of the encoded
audio information in the body portion of the generated block,
and storing in the header portion of the generated block
the management information including information
indicating that data stored in the body portion of the
generated block is valid;

when the encoded audio information has a sampling
freguency of 1/2 x F, the data generating step includes the
step of generating a pair of blocks including a previous
block and a subsequent block for one-frame data of the
encoded audio information, stores one-frame data of the
encoded audio information 1in tThe body portion of the
generated previous block, storing in the header portion of
the generated previous block the management ihformation

including information indicating that data stored in the
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body portion of the generated previous block is valid, and
storing 1n the header portion of the generated subsequent
block the management information including information
indicating that data stored in the body portion of the
generated subsequent block is invalid: and

the sizes of the previous block and the subsequent
block generated by the data generating step when the encoded
audio information has a sampling frequency of 1/2 x F are .
each equal to the size of the one block generated by the
data generating step when the encoded audio information has

a sampling frequency of F.

7. A signal transmission method according to claim 6,
wherein the information indicating whether data stored in
the body portion is valid is side information indicating
whether the encoded audio information is stored in the body
portion, and when the side information indicates that the
encoded audio information is not stored in the body portion,
the side information indicates that the data stored in the

body portion 1s invalid.

8. A signal transmission method according to claim 6,
wherein the data generating step stores stuffing information

in the body portion in the subsequent block.

9. A signal transmission method according to claim 6,
wherein:

' the management information further includes data
type information indicating an encoding method for data
stored in the body portion:

the data type information of the previous block is
the same as the data type information of the block generated

when the encoded audio information has a sampling frequency



CA 02385149 2002-04-12

WO 02/17302 PCT/JP01/07231

10

15

20

25

30

of F; and

the data type information of the subsequent block
indicates an encoding method for data stored in the body
pdrtion of the previous block irrespective of an encoding

method for data stored in the body portion of the subsequent
block.

10. A signal transmission method for transmitting a

plurality of pieces of encoded audio information encoded

by the same encoding method via a digital interface to a

signal reception apparatus, wherein each of the plurality
of pieces of encoded audio information has a sampling
frequency of For 1/Nx F, where N 1s a natural number greater
than or equal to 2, the method comprising the steps of:

generating at least one block based on one-frame
data obtained by dividing the encoded audio information into
frames; and

outputting the at least one block generated by the
data generating step to the digital interface,

wherein:

each of the at least one block includes a body portion,
andaa header portion storing management information for
managing data stored in the body portion;

the management information includes
synchronization word information indicating a start of the
block, and information indicating whether data stored in
the body portion is wvalid:

when the encoded audio information has a sampling
frequency of F, the data generating step includes the step
of generating one block for one-frame data of the encoded
audio i1nformation, storing one-frame data of the encoded
audio information in the body portion of the generated block,

and storing in the header portion of the generated block
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the management information including information
indicating that data stored in the body portion of the
generated block is wvalid:

when the encoded audio information has a sampling
frequency of 1/N x F, the data generating step include the
step of generating a set of N blocks for one-frame data of
the encoded audio information, storing one-frame data of
the encoded audio information in the body portion of a first -
block of the N generated blocks to be output first, storing
in the header portion of the first block the management
information 1including information indicating that data
stored in the body portion of the first block is valid, and
storing in the header portion of each block of the N generated
blocks other than the first block the management information
including information indicating that data stored in the
body portion of the each block is invalid; and

the sizes of the N blocks generated by the data
generating step when the encoded audio information has a
sampling frequency of 1/N x F are each equal to the size
of the one block generated by the data generating section
when the encoded audio information has a sampling frequency
of F.
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