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Description

Technical Field

�[0001] The present invention relates to a decoding ap-
paratus and decoding method for an audio bandwidth
expansion system for generating a wideband audio sig-
nal from a narrowband audio signal by adding additional
information containing little information, and relates to
technology enabling this system to provide high audio
quality playback with few calculations.

Background Art

�[0002] Many audio encoding technologies for encod-
ing an audio signal to a small data size and then repro-
ducing the audio signal from the coded bitstream are
known. The international ISO/IEC 13818-7 (MPEG-�2
AAC) standard in particular is known as a superior meth-
od enabling high audio quality playback with a small code
size. This AAC coding method is also used in the more
recent ISO/IEC 14496-3 (MPEG- �4 Audio) system.
�[0003] Audio coding methods such as AAC convert a
discrete audio signal from the time domain to a signal in
the frequency domain by sampling the time-domain sig-
nal at specific time intervals, splitting the converted fre-
quency information into plural frequency bands, and then
encoding the signal by quantizing each of the frequency
bands based on an appropriate data distribution. For de-
coding, the frequency information is recreated from the
code stream, and the playback sound is obtained by con-
verting the frequency information to a time domain signal.
If the amount of information supplied for encoding is small
(such as in low bitrate encoding), the data size allocated
to each of the segmented frequency bands in the coding
process decreases, and some frequency bands may as
a result contain no information. In this case the decoding
process produces playback audio with no sound in the
frequency component of the frequency band containing
no information.
�[0004] In general, because sensitivity to sound with a
frequency above approximately 10 kHz is lower than to
sound at lower frequencies, high frequency component
data is generally dropped to provide narrowband audio
playback if the audio coding scheme distributes informa-
tion by a process based on human auditory perception.
�[0005] If data is supplied at a bitrate of approximately
96 kbps, even the AAC method can code a 44.1 kHz
stereo signal to an approximately 16 kHz band, but if data
is encoded with data supplied at half this rate, i.e., 48
kbps, the bandwidth that can be quantified and coded
while maintaining sound quality is reduced to at most
approximately 10 kHz. In addition to being narrowband,
playback sound coded with a low 48 Kbps bitrate also
sounds cloudy.
�[0006] A method enabling wideband playback by add-
ing a small amount of additional information to a code
stream for narrowband audio playback is described, for

example, in the Digital Radio Mondiale (DRM) System
Specification (ETSI TS 101 980) published by the Euro-
pean Telecommunication Standards Institute (ETSI).
Similar technology known as SBR (spectral band repli-
cation) is described, for example, in AES (Audio Engi-
neering Society) convention papers 5553, 5559, 5560
(112th Convention, 2002 May 10 - 13, Munich, Germa-
ny), especially the paper 5553 "Spectral Band Replica-
tion, a novel approach in audio coding" by M. Dietz et al.
�[0007] Fig. 2 is a schematic block diagram of an ex-
ample of a decoder for band expansion using SBR. Input
bitstream 206 is separated by the bitstream demultiplexer
201 into low frequency component information 207, high
frequency component information 208, and sine
wave-adding information 209. The low frequency com-
ponent information 207 is, for example, information en-
coded using the MPEG-�4 AAC or other coding method,
and is decoded by the low-band decoder 202 whereby a
time signal representing the low frequency component
is generated. This time signal representing the low fre-
quency component is separated into multiple (M) sub-
bands by analysis filter bank 203 and input to high fre-
quency signal generator 204.
�[0008] The high frequency signal generator 204 com-
pensates for the high frequency component lost due to
bandwidth limiting by copying the low frequency subband
signal representing the low frequency component to a
high frequency subband. The high frequency component
information 208 input to the high frequency signal gen-
erator 204 contains gain information for the compensated
high frequency subband so that gain is adjusted for each
generated high frequency subband.
�[0009] An additional signal generator 211 generates
injection signal 212 whereby a gain-controlled sine wave
is added to each high frequency subband. The high fre-
quency subband signal generated by the high frequency
signal generator 204 is then input with the low frequency
subband signal to the synthesis filter bank 205 for band
synthesis, and output signal 210 is generated. The sub-
band count on the synthesis filter bank side does not
need to be the same as the number of subbands on the
analysis filter bank side. For example, if in Fig. 2 N = 2M,
the sampling frequency of the output signal will be twice
the sampling frequency of the time signal input to the
analysis filter bank.
�[0010] In this configuration the information contained
in the high frequency component information 208 or sine
wave-adding information 209 relates only to gain control,
and the amount of required information is therefore very
small compared with the low frequency component infor-
mation 207, which also contains spectral information.
This method is therefore suited to encoding a wideband
signal at a low bitrate.
�[0011] The synthesis filter bank 205 in Fig. 2 is com-
posed of filters that take both real number input and im-
aginary number input for each subband, and perform a
complex-valued calculation.
�[0012] The decoder configured as above for band ex-
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pansion has two filters, the analysis filter bank and syn-
thesis filter bank, performing complex-valued calcula-
tions, and decoding requires many calculations. A prob-
lem when the decoder is built for LSI devices, for exam-
ple, is that power consumption increases and the play-
back time that is possible with a given power supply ca-
pacity decreases. Because the signals that we hear in
the output from the synthesis filter bank are real-number
signals, the synthesis filter bank may be configured with
real number filter banks in order to reduce the calcula-
tions. While this reduces the number of calculations, if a
sine wave is added using the same method as when the
synthesis filter bank performs complex-valued calcula-
tions, a pure sine wave is not actually added and the
intended result is not achieved in the reproduced audio.
�[0013] The present invention as claimed is therefore
directed to solving these problems of the prior art, and
provides a decoding apparatus and method for a band
expansion system operating with few calculations by us-
ing a real-valued calculation filter bank whereby the in-
tended audio playback is achieved by adding slight
change to an added sine wave generation signal such
as would be inserted to a complex-valued calculation fil-
ter bank.
�[0014] Thus comprised, high quality audio playback
can be achieved at a low bitrate using few calculations.

Brief Description of the Drawings

�[0015]

Fig. 1 is a schematic block diagram showing an ex-
ample of an audio decoding apparatus according to
the present invention;
Fig. 2 shows an example of the configuration of a
prior art audio decoding apparatus;
Fig. 3 shows an example of an additional signal gen-
erator for describing the principle of the present in-
vention;
Fig. 4 shows an example of an additional signal gen-
erator in a first embodiment of the present invention;
Figs. 5A and 5B, each shows an example of an in-
jected complex-value signal;
Fig. 6 shows examples of the injection signals gen-
erated by the additional signal generator shown in
Fig. 3;
Fig. 7 shows only the real-number part of the injection
signals generated by the additional signal generator
shown in Fig. 3;
Fig. 8 shows examples of injection signals and com-
pensation signals generated by the additional signal
generator and compensation signal generator
shown in Fig. 4;
Fig. 9 is a spectrum diagram for when a sine wave
for only the real-value part is injected to the real-value
synthesis filter;
Fig. 10 is a spectrum diagram for when a sine wave
for, only the real-value part and a compensation sig-

nal are injected to the real-value synthesis filter;
Fig. 11 shows another example of the injection signal
and compensation signal shown by way of example
in Fig. 8;
Fig. 12 shows an example of the additional signal
generator in a second embodiment of the present
invention; and
Fig. 13 is a block diagram showing the principle of
the present invention.

Best Mode for Carrying Out the Invention

�[0016] Fig. 13 is a block diagram showing the principle
of the present invention. Music and other audio signals
contain a low frequency band component and a high fre-
quency band component. Encoded audio signal informa-
tion is carried by the low frequency band component, and
tone information (sinusoidal information) and gain infor-
mation are carried by the high frequency band compo-
nent. The receiver decodes the audio signal from the low
frequency band component, but for the high frequency
band component, copies and processes the low frequen-
cy band component using the tone information and gain
information to synthesize a pseudo-audio signal. Phase
information and amplitude information are needed to syn-
thesize this pseudo-audio signal, and synthesis thus re-
quires a complex-valued calculation. Because com-
plex-valued calculations require operations on both the
real number and imaginary number parts, the calculation
process is complex and time-consuming. To simplify this
calculation process the present invention operates using
only the real number part. However, if the calculations
are done using only the real-value part for certain sub-
bands, noise signals appear in the adjacent higher and
lower subbands. A compensation signal for cancelling
these noise signals is generated using the phase infor-
mation, amplitude information, and timing information
contained in the tone information.
�[0017] An audio decoding apparatus and method ac-
cording to a preferred embodiment of the present inven-
tion are described below with reference to the accompa-
nying figures.

(Embodiment 1)

�[0018] Fig. 1 is a schematic diagram showing a decod-
ing apparatus performing bandwidth expansion by
means of spectral band replication (SBR) based on a first
embodiment of the present invention.
�[0019] The input bitstream 106 is demultiplexed by the
bitstream demultiplexer 101 into low frequency compo-
nent information 107, high frequency component infor-
mation 108, and sine signal-adding information 109. The
low frequency component information 107 is information
that is encoded using, for example, the MPEG-�4 AAC
coding method, is decoded by the low frequency decoder
102, and a time signal representing the low frequency
component is generated. The resulting time signal rep-
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resenting the low frequency component is then divided
into multiple (M) subbands by the analysis filter bank 103,
and input to the bandwidth expansion means (high fre-
quency signal generator) 104. The high frequency signal
generator 104 copies the low frequency subband signal
representing the low frequency component to a high fre-
quency subband to compensate for the high frequency
component lost by the bandwidth limit. The high frequen-
cy component information 108 input to the high frequency
signal generator 104 contains gain information for the
high frequency subband to be generated, and the gain
is adjusted for each generated high frequency subband.
�[0020] Additional signal generator 111 produces injec-
tion signal 112 so that a gain-controlled sine wave is add-
ed to each high frequency subband according to the sine
signal-adding information (also called tone information)
109. The high frequency subband signals generated by
the high frequency signal generator 104 are input with
the low frequency subband signals to the synthesis filter
bank 105 for band synthesis, resulting in output signal
110. The number of subbands on the synthesis filter bank
does not need to match the number of subbands on the
analysis filter bank side. For example, if in Fig. 1 N = 2M,
the sampling frequency of the output signal will be twice
the sampling frequency of the time signal input to the
analysis filter bank.
�[0021] The input bitstream 106 contains narrowband
encoded information for the audio signal (i.e., low fre-
quency component information 107) and additional infor-
mation for expanding this narrowband signal to a wide-
band signal (i.e., high frequency component information
108 and sine signal-adding information 109).
�[0022] The synthesis filter bank 105 of the decoding
apparatus shown in Fig. 1 is composed of real-valued
calculation filters. It will also be obvious that a com-
plex-valued calculation filter that can perform real-valued
calculations could be used.
�[0023] The decoding apparatus shown in Fig. 1 also
has a compensation signal generator 114 for generating
compensation signal 113 for compensating the differ-
ence resulting from sinusoidal signal addition.
�[0024] The input bitstream 106 is demultiplexed by the
bitstream demultiplexer 101 into low frequency compo-
nent information 107, high frequency component infor-
mation 108, and sine signal-adding information 109.
�[0025] The low frequency component information 107
is, for example, an MPEG- �4 AAC, MPEG-�1 Audio, or
MPEG- �2 Audio encoded bitstream that is decoded by a
low frequency decoder 102 having a compatible decod-
ing function, and a time signal representing the low fre-
quency component is generated. The resulting time sig-
nal representing the low frequency component is then
divided into multiple (M) first subbands S1 by the analysis
filter bank 103, and input to the high frequency signal
generator 104. The analysis filter bank 103 and synthesis
filter bank 105 described below are built from a polyphase
filter bank or MDCT converter. Band splitting filter banks
are known to one with ordinary skill in the related art.

�[0026] The first subband signals S1 for the low fre-
quency signal component from the analysis filter bank
103 are output directly by the high frequency signal gen-
erator 104 and also sent to the synthesis part. The high
frequency signal generation part of the high frequency
signal generator 104 receives the first subband signals
S1 and using high frequency component information 108,
injection signal 112, and compensation signal 113 gen-
erates multiple second subband signals S2. The second
subband signals S2 are in a higher frequency band than
the first subband signals S1. The high frequency com-
ponent information 108 includes information indicating
which one of the first subband signals S1 is to be copied,
and which one of the second subband signals S2 is to
be generated, and gain control information indicating how
much the copied first subband signal S1 should be am-
plified.
�[0027] If there is no sine signal-adding information 109
or no signal actually generated using the sine signal-add-
ing information 109, the synthesis filter bank 105 with N
(where N is greater or equal to M) subband synthesis
filters combines the expanded-bandwidth subband sig-
nals output from the high frequency signal generator 104
and the low frequency signal component from the anal-
ysis filter bank 103 to produce wideband output signal
110.
�[0028] In this first embodiment of the invention the syn-
thesis filter bank 105 is a real-value calculation filter bank.
That is, the synthesis filter bank 105 does not use imag-
inary number input, only has a real number input part,
and uses filters that perform real-valued calculations.
This synthesis filter bank 105 is therefore simpler and
operates faster than a filter that operates with com-
plex-valued calculations.
�[0029] If there is sine signal-adding information 109,
the sine signal-adding information 109 is input to the ad-
ditional signal generator 111 whereby injection signal 112
is generated, and added to the output signal from high
frequency signal generator 104. The sine signal-adding
information 109 is also input to the compensation signal
generator 114 whereby compensation signal 113 is pro-
duced, and similarly added to the output signal of high
frequency signal generator 104.
�[0030] The output signal from high frequency signal
generator 104 is input to synthesis filter bank 105. The
synthesis filter bank 105 outputs output signal 110 re-
gardless of whether there is an added signal based on
sine signal-adding information 109.
�[0031] Generating the injection signal 112 and com-
pensation signal 113 based on sine signal-adding infor-
mation 109 is described in further detail below using Fig.
3 and Fig. 4.
�[0032] Fig. 3 shows the additional signal generator 111
used in the audio decoding method describing the basic
principle of the present invention, and Fig. 4 shows the
additional signal generator 111 and compensation signal
generator 114 in a first embodiment of the present inven-
tion.
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�[0033] The additional signal generator 111 is de-
scribed first with reference to Fig. 3. The information con-
tained in the sine signal-adding information 109 includes
injected subband number information denoting to which
synthesis filter bank the sine wave is injected, phase in-
formation denoting the phase at which the injected sinu-
soidal signal starts, timing information denoting the time
at which the injected sinusoidal signal starts, and ampli-
tude information denoting the amplitude of the injected
sinusoidal signal.
�[0034] Injected subband information extraction means
406 extracts the injected subband number. The phase
information extraction means 402 determines, based on
the phase information if phase information is contained
in the sine signal-adding information 109, the phase at
which the injected sinusoidal signal starts. If phase infor-
mation is not contained in the sine signal-adding infor-
mation 109, the phase information extraction means 402
determines the phase at which the injected sinusoidal
signal starts with consideration for continuity to the phase
of the previous time frame.
�[0035] Amplitude extraction means 403 extracts the
amplitude information. Timing extraction means 404 ex-
tracts the timing information indicating what time to start
sine wave injection and what time to end injection when
a sine wave is injected to the synthesis filter bank.
�[0036] Based on the information from the phase infor-
mation extraction means 402, amplitude extraction
means 403, and timing extraction means 404, the sinu-
soid generating means 405 generates the sine wave
(tone signal) to be injected. It should be noted that the
frequency of the generated sine wave can be desirably
set to, for example, the center frequency of the subband
or a frequency offset a predetermined offset from the
center frequency. Further, the frequency could be preset
according to the subband number of the injected sub-
band. For example, a sine wave of the upper or lower
frequency limit of the subband could be generated ac-
cording to whether the subband number is odd or even.
It is assumed below that a sine wave with the center
frequency of the subband is produced, i.e., a periodic
signal with four subband signal sampling periods is pro-
duced.
�[0037] The sine wave injection means 407 inserts the
sine wave output by sinusoid generating means 405 to
the synthesis filter subband matching the number ac-
quired by the injected subband information extraction
means 406. The output signal from sine wave injection
means 407 is injection signal 112.
�[0038] Consider a complex-valued signal with four pe-
riods and amplitude S injected to subband K as shown
in the table in Fig. 6. The values-denoted (a, �b) in the table
mean the complex-valued signal a+jb where j is an im-
aginary value. Referring to Fig. 5A, the signal inserted to
subband K in Fig. 6 is a periodic signal that changes 501,
502, 503, 504 in Fig. 5A due to the relationship between
the real-value part and the imaginary value part.
�[0039] If, unlike in the present invention, the synthesis

filter bank is a filter that takes complex-valued input and
performs complex-valued calculations, the output signal
of the decoding system obtained by this injection signal
has a single frequency spectrum and a so-called pure
sine wave is injected. However, if the synthesis filter bank
is a filter that takes only real-value input and performs
only real-value calculations as in the present invention,
a real-number signal not containing the imaginary
number part shown in Fig. 6 is injected to subband K as
shown in Fig. 7. With this injection signal the decoding
system using a synthesis filter that takes only real values
outputs a single frequency spectrum as shown in Fig. 9
(spectrum 902 of the injected sine wave) and unwanted
spectrums in the bands above and below the sine wave
spectrum (unwanted spectrum 903). This is because a
synthesis filter using real-valued calculation cannot com-
pletely eliminate spectrum leakage into adjacent sub-
bands due to the filter characteristics, and these spec-
trum leaks appear as aliasing components.
�[0040] By providing a compensation signal generator
114 as shown in Fig. 4 in addition to the additional signal
generator 111 shown in Fig. 3 in a synthesis filter bank
using real-valued calculation with only real value input,
the unwanted spectrum components shown in Fig. 9 can
be removed.
�[0041] Additional signal generator 111 and compen-
sation signal generator 114 according to the present in-
vention are described next with reference to Fig. 4. In
Fig. 4 the sine signal-adding information 109, phase in-
formation extraction means 402, amplitude extraction
means 403, timing extraction means 404, sinusoid gen-
erating means 405, injected subband information extrac-
tion means 406, sine wave injection means 407, and in-
jection signal 408 are the same as described with refer-
ence to Fig. 3. What differs from Fig. 3 is the addition of
compensation subband information determining means
409 and compensation signal generator 410.
�[0042] The compensation subband information deter-
mining means 409 determines the subband to be com-
pensated based on the information obtained by the in-
jected subband information extraction means 406 indi-
cating the number of the synthesis filter bank to which
the sine wave is injected. The subband to be compen-
sated is a subband near the subband to which the sine
wave is injected, and may be a high frequency subband
or low frequency subband. The high frequency subband
and low frequency subband to be compensated will vary
according to the characteristics of the synthesis filter
bank 105, but are here assumed to be the subbands ad-
jacent to the subband of the injected sine wave. For ex-
ample, when the sine wave is injected to subband K,
subband K+1 and subband K-�1 are, respectively, the high
frequency subband and low frequency subband to be
compensated.
�[0043] The compensation signal generator 410 gener-
ates a signal cancelling aliasing spectra in the compen-
sated subband based on the output of phase information
extraction means 402, amplitude extraction means 403,
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and timing extraction means 404, and outputs this signal
as compensation signal 113. This compensation signal
113 is added to the input signal to the synthesis filter
bank 105 in the same way as injection signal 112. The
amplitude S and phase of the compensation signal 113
are adjusted for subband K-�1 and subband K+1 as shown
in the table in Fig. 8.
�[0044] In Fig. 8 Alpha and Beta are values determined
according to the characteristics of the specific synthesis
filter bank, and more specifically are determined with con-
sideration for the amount of spectrum leakage to adjacent
subbands in the filter bank.
�[0045] As will be known from Fig. 8, if a sinusoidal sig-
nal is added to subband K, the amplitude of a sinusoidal
signal of cycle period T is amplitude S at time 0, amplitude
0 at time 1T/ �4, amplitude -S at time 2T/ �4, and amplitude
0 at time 3T/�4. A compensation signal is applied to sub-
band K-�1 and subband K+1. In the drawings, TIMEs 0,
1, 2 and 3 correspond to times 0, 1T/ �4, 2T/ �4 and 3T/ �4,
respectively.
�[0046] The compensation signal applied to subband
K-�1 has amplitude 0 at time 0, amplitude Alpha*S at time
1T/�4, amplitude 0 at time 2T/�4, and amplitude Beta*S at
time 3T/ �4.
�[0047] The compensation signal applied to subband
K+1 has amplitude 0 at time 0, amplitude Beta*S at time
1T/�4, amplitude 0 at time 2T/�4, and amplitude Alpha*S
at time 3T/ �4.
�[0048] Fig. 10 is a spectrum graph for the sine wave
injected by a preferred embodiment of this invention. As
will be known from Fig. 10, the unwanted spectrum com-
ponent 903 observed in Fig. 9 is suppressed.
�[0049] By introducing this compensation signal, un-
wanted spectrum components are not produced even if
a sinusoidal signal is injected to a real-value filter bank,
and a sine wave can be injected to a desired subband
with minimal calculations.
�[0050] The invention has been described with refer-
ence to a sinusoidal signal injected to subband K where
the initial phase is 0 and either the real-value part or im-
aginary-value part goes to 0 as shown in Fig. 5A. As
shown in Fig. 5B, however, the present invention can
also be applied when the phase is shifted δ from the state
shown in Fig. 5A. The relationship between the injection
signal and compensation signal in this case can be ex-
pressed as shown in the table in Fig. 11, for example,
where S, P, and Q are values determined according to
the characteristics of the filter bank with consideration
for the amount of spectrum leakage by the filter bank to
adjacent subbands.
�[0051] Furthermore, for a subband K to which the sine
wave is injected a compensation signal is injected to ad-
jacent subbands K- �1 and K+1, but adjacent subbands
other than K- �1 and K+1 may need correction depending
on the characteristics of the synthesis filter. In this case
the compensation signal is simply injected to the sub-
bands that need correction.

(Embodiment 2)

�[0052] Fig. 12 is a schematic diagram showing an ad-
ditional signal generator in a second embodiment of the
present invention. This additional signal generator differs
from the additional signal generator 111 shown in Fig. 4
in that interpolated information 1201 calculated by the
sinusoid generating means 405 is input to compensation
signal generator 410 so that the compensation signal 113
is calculated based on the interpolated information 1201.
�[0053] The sinusoid generating means 405 in the
above first embodiment adjusts the amplitude of the gen-
erated sine wave based only on the amplitude informa-
tion of the current frame extracted by the amplitude ex-
traction means 403. The sinusoid generating means 405
of this second embodiment, however, interpolates the
amplitude information using amplitude information from
neighboring frames, and adjusts the amplitude of the
generated sine wave based on this interpolated ampli-
tude information.
�[0054] Because the amplitude of the generated sine
wave changes smoothly as a result of this process, the
observed sound quality of the output signal can be im-
proved.
�[0055] Because the amplitude of the generated sine
wave is changed by interpolation with this configuration,
the amplitude of the corresponding compensation signal
must also be adjusted. Therefore, the interpolated infor-
mation output by the sinusoid generating means 405 is
also input to the compensation signal generator 410 to
adjust the amplitude of the compensation signal 113 syn-
chronized to the interpolated variable amplitude of the
sine wave.
�[0056] This configuration of the invention can correctly
calculate the compensation signal and suppress unwant-
ed spectrum components even when the amplitude of
the generated sine wave is interpolated.
�[0057] It will also be apparent that the process of the
audio decoding apparatus shown in Fig. 1 can also be
written in software using a programming language. In
addition, this software program can be recorded to and
distributed by a data recording medium.
�[0058] When using a synthesis filter bank that reduces
the number of operations by using only real-valued cal-
culations, unwanted spectrum components accompany-
ing sine wave addition can be suppressed and only the
desired sine wave can be injected by injecting a com-
pensation signal to the low frequency or high frequency
subband of the subband to which the sine wave is added.

Claims

1. An audio decoding apparatus for decoding an audio
signal from a bitstream (106) containing encoded in-
formation about a narrowband audio signal (107) and
additional information (108, 109) for expanding the
narrowband audio signal to a wideband audio signal,
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the additional information containing high frequency
component information (108) denoting a feature of
a higher frequency band than a band of the encoded
information, and sinusoid-adding information (109)
denoting a sinusoidal signal added to a specific fre-
quency band, said audio decoding apparatus com-
prising:�

a bitstream demultiplexer (101) operable to de-
multiplex the encoded information and the ad-
ditional information from the bitstream;
a decoder (102) operable to decode the narrow-
band audio signal from the demultiplexed en-
coded information;
an analysis subband filter (103) operable to sep-
arate the narrowband audio signal into a first
subband signal composed of a plurality of sub-
band signals;
a sinusoidal signal generator (111) operable to
generate a sinusoidal signal added to a specific
subband at a higher frequency band than a fre-
quency band of the encoded information based
on the sinusoid-adding information in the demul-
tiplexed additional information;
a correction signal generator (114) operable to
generate, based on a phase characteristic and
an amplitude characteristic of the sinusoidal sig-
nal, a correction signal added to subbands near
a specific subband to suppress aliasing compo-
nent signals occurring in the subbands near the
specific subband;
a high frequency signal generator (104) opera-
ble to generate a second subband signal com-
posed of a plurality of subband signals in a high-
er frequency band than the frequency band of
the encoded information from the first subband
signal and high frequency component informa-
tion in the demultiplexed additional information,
and add the sinusoidal signal and correction sig-
nal to the second subband signal; and
a real-valued calculation subband synthesis fil-
ter (105) operable to combine the first subband
signal and the second subband signal to obtain
the wideband audio signal.

2. An audio decoding apparatus according to claim 1,
wherein the aliasing component signals contain at
least components suppressed after synthesis by a
subband synthesis filter that performs complex-val-
ued calculations.

3. An audio decoding apparatus according to claim 1,
wherein the first subband signal is composed of low
frequency subband signal, and the second subband
signal is composed of high frequency subband sig-
nals.

4. An audio decoding apparatus according to claim 1,

wherein the correction signal generated by the cor-
rection signal generator suppresses aliasing com-
ponent signals produced in a subband adjacent to
the subband to which the sinusoidal signal is added.

5. An audio decoding apparatus according to claim 1,
wherein an amplitude of the correction signal gen-
erated by the correction signal generator is synchro-
nously adjusted to the amplitude of the sinusoidal
signal.

6. An audio decoding apparatus according to claim 4,
wherein when the sinusoidal signal is added to sub-
band K, a sinusoidal signal of period T has amplitude
S at time 0, amplitude 0 at time 1T/�4, amplitude -S
at time 2T/ �4, and amplitude 0 at time 3T/�4, and the
correction signal is applied to subband K-�1 and sub-
band K+1.
the correction signal applied to subband K- �1 has am-
plitude 0 at time 0, amplitude Alpha*S at time 1T/ �4,
amplitude 0 at time 2T/ �4, and amplitude Beta*S at
time 3T/�4, and
the correction signal applied to subband K+1 has
amplitude 0 at time 0, amplitude Beta*S at time 1T/
4, amplitude 0 at time 2T/�4, and amplitude Alpha*S
at time 3T/ �4,
where Alpha and Beta are constants.

7. An audio decoding method for decoding an audio
signal from a bitstream containing encoded informa-
tion about a narrowband audio signal and additional
information for expanding the narrowband audio sig-
nal to a wideband audio signal, and the additional
information containing high frequency component in-
formation denoting a feature of a higher frequency
band than a band of the encoded information, and
sinusoid-adding information denoting a sinusoidal
signal added to a specific frequency band, said audio
decoding method comprising: �

demultiplexing the encoded information and the
additional information from the bitstream;
decoding the narrowband audio signal from the
demultiplexed encoded information;
separating the narrowband audio signal into a
first subband signal composed of a plurality of
subband signals;
generating a sinusoidal signal added to a spe-
cific subband at a higher frequency band than a
frequency band of the encoded information
based on the sinusoid-adding information in the
demultiplexed additional information;
generating, based on a phase characteristic and
an amplitude characteristic of the sinusoidal sig-
nal, a correction signal added to subbands near
a specific subband to suppress aliasing compo-
nent signals occurring in the subbands near the
specific subband;
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generating a second subband signal composed
of a plurality of subband signals in a higher fre-
quency band than the frequency band of the en-
coded information from the first subband signal
and high frequency component information in
the demultiplexed additional information, and
adding the sinusoidal signal and correction sig-
nal to the second subband signal; and
synthesizing the first subband signal and the
second subband signal using a real-valued cal-
culation to obtain the wideband audio signal.

8. An audio decoding method according to claim 7,
wherein the aliasing component signals contain at
least components suppressed after synthesis per-
formed using complex-valued calculations.

9. An audio decoding method according to claim 7,
wherein the first subband signal is composed of low
frequency subband signals, and the second sub-
band signal is composed of high frequency subband
signals.

10. An audio decoding method according to claim 7,
wherein the generated correction signal suppresses
aliasing component signals produced in a subband
adjacent to the subband to which the sinusoidal sig-
nal is added.

11. An audio decoding method according to claim 7.
wherein an amplitude of the generated correction
signal is synchronously adjusted to the amplitude of
the sinusoidal signal.

12. An audio decoding method according to claim 10,
wherein when the sinusoidal signal is added to sub-
band K, a sinusoidal signal of period T has amplitude
S at time 0, amplitude 0 at time 1T/�4, amplitude -S
at time 2T/ �4, and amplitude 0 at time 3T/�4, and the
correction signal is applied to subband K-�1 and sub-
band K+1,
the correction signal applied to subband K-�1. has
amplitude 0 at time 0, amplitude Alpha*S at time 1T/
4, amplitude 0 at time 2T/�4, and amplitude Beta*S
at time 3T/ �4, and
the correction signal applied to subband K+1 has
amplitude 0 at time 0. amplitude Beta*S at time 1T/
4, amplitude 0 at time 2T/�4, and amplitude Alpha*S
at time 3T/ �4,
where Alpha and Beta are constants.

13. A program comprising computer executable code
operable to cause a computer to perform the audio
decoding method claimed in claim 7.

14. A computer readable data recording medium for re-
cording the program as claimed in claim 13.

Revendications

1. Appareil de décodage audio pour décoder un signal
audio à partir d’un train continu binaire (106) conte-
nant des informations codées concernant un signal
audio à bande étroite (107) et des informations sup-
plémentaires (108, 109) pour élargir le signal audio
à bande étroite en signal audio à large bande, les
informations supplémentaires contenant des infor-
mations de composante haute fréquence (108) indi-
quant une caractéristique de bande de fréquence
plus élevée qu’une bande des informations codées,
et des informations d’ajout de sinusoïde (109) indi-
quant un signal sinusoïdal ajouté à une bande de
fréquence spécifique, ledit appareil de décodage
audio comprenant : �

un démultiplexeur de train continu binaire (101)
pouvant être mis en oeuvre pour démultiplexer
les informations codées et des informations sup-
plémentaires depuis le train continu binaire ;
un décodeur (102) pouvant être mis en oeuvre
pour décoder le signal audio à bande étroite à
partir des informations codées et
démultiplexées ;
un filtre de sous-bande d’analyse (103) pouvant
être mis en oeuvre pour séparer le signal audio
à bande étroite en un premier signal de
sous-bande composé d’une pluralité de signaux
de sous-bande ;
un générateur de signal sinusoïdal (111) pou-
vant être mis en oeuvre pour générer un signal
sinusoïdal ajouté à une sous-bande spécifique
d’une bande de fréquence plus élevée qu’une
bande de fréquence des informations codées
sur la base des informations d’ajout de sinusoï-
de dans les informations supplémentaires
démultiplexées ;
un générateur de signal de correction (114) pou-
vant être mis en oeuvre pour générer, sur la base
d’une caractéristique de phase et d’une carac-
téristique d’amplitude du signal sinusoïdal, un
signal de correction ajouté aux sous-bandes
près d’une sous-bande spécifique pour suppri-
mer des signaux de composante parasites se
produisant dans les sous-bandes près de la
sous-bande spécifique ;
un générateur de signal haute fréquence (104)
pouvant être mis en oeuvre pour générer un se-
cond signal de sous-bande composé d’une plu-
ralité de signaux de sous-bande dans une bande
de fréquence plus élevée que la bande de fré-
quence des informations codées à partir du pre-
mier signal de sous-bande et des informations
de composante haute fréquence dans les infor-
mations supplémentaires démultiplexées, et
pour ajouter le signal sinusoïdal et le signal de
correction au second signal de sous-bande ; et
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un filtre de synthèse de sous-bande de calcul à
valeur réelle (105) pouvant être mis en oeuvre
pour combiner le premier signal de sous-bande
et le second signal de sous-bande pour obtenir
le signal audio à large bande.

2. Appareil de décodage audio selon la revendication
1, dans lequel les signaux de composante parasites
contiennent au moins des composantes supprimées
après synthèse par un filtre de synthèse de
sous-bande qui effectue des calculs à valeur com-
plexe.

3. Appareil de décodage audio selon la revendication
1, dans lequel le premier signal de sous-bande est
composé d’un signal de sous-bande basse fréquen-
ce et le second signal de sous-bande est composé
de signaux de sous-bande haute fréquence.

4. Appareil de décodage audio selon la revendication
1, dans lequel le signal de correction généré par le
générateur de signal de correction supprime les si-
gnaux de composante parasites produits dans une
sous-bande adjacente à la sous-bande dans laquel-
le le signal sinusoïdal est ajouté.

5. Appareil de décodage audio selon la revendication
1, dans lequel une amplitude du signal de correction
généré par le générateur de signal de correction est
ajustée de manière synchrone avec l’amplitude du
signal sinusoïdal.

6. Appareil de décodage audio selon la revendication
4, dans lequel le signal sinusoïdal est ajouté à une
sous-bande K, un signal sinusoïdal d’une période T
présente une amplitude S au temps 0, une amplitude
0 au temps 1T/ �4, une amplitude -S au temps 2T/�4
et une amplitude 0 au temps 3T/�4, et le signal de
correction est appliqué à la sous-bande K-�1 et à la
sous-bande K+1,
le signal de correction appliqué à la sous-bande K-
1 présente une amplitude 0 au temps 0, une ampli-
tude Alpha*S au temps 1T/�4, une amplitude 0 au
temps 2T/ �4, et une amplitude Bêta*S au temps 3T/
4, et
le signal de correction appliqué à la sous-bande K+1
présente une amplitude 0 au temps 0, une amplitude
Bêta*S au temps 1T/�4, une amplitude 0 au temps
2T/ �4 et une amplitude Alpha*S au temps 3T/ �4,
où Alpha et Bêta sont des constantes.

7. Procédé de décodage audio pour décoder un signal
audio à partir d’un train continu binaire contenant
des informations codées concernant un signal audio
à bande étroite et des informations supplémentaires
pour élargir le signal audio à bande étroite en un
signal audio à large bande, les informations supplé-
mentaires contenant des informations de compo-

sante haute fréquence indiquant une caractéristique
d’une bande de fréquence plus élevée qu’une bande
des informations codées, et des informations d’ajout
de sinusoïde indiquant un signal sinusoïdal ajouté à
une bande de fréquence spécifique, ledit procédé
de décodage audio comprenant les étapes consis-
tant à : �

démultiplexer les informations codées et les in-
formations supplémentaires depuis le train con-
tinu binaire ;
décoder le signal audio à bande étroite depuis
les informations codées et démultiplexées ;
séparer le signal audio à bande étroite en un
premier signal de sous-bande composé d’une
pluralité de signaux de sous-bande ;
générer un signal sinusoïdal ajouté à une
sous-bande spécifique au niveau d’une bande
de fréquence plus élevée qu’une bande de fré-
quence des informations codées sur la base des
informations d’ajout du sinusoïde dans les infor-
mations supplémentaires démultiplexées ;
générer, sur la base d’une caractéristique de
phase ou d’une caractéristique d’amplitude du
signal sinusoïdal, un signal de correction ajouté
aux sous-bandes près d’une sous-bande spé-
cifique pour supprimer les signaux de compo-
sante parasites se produisant dans les
sous-bandes près de la sous-bande spécifique ;
générer un second signal de sous-bande com-
posé d’une pluralité de signaux de sous-bande
dans une bande de fréquence plus élevée que
la bande de fréquence des informations codées
à partir du premier signal de sous-bande et des
informations de composante haute fréquence
dans les informations supplémentaires démulti-
plexées, et ajouter le signal sinusoïdal et le si-
gnal de correction au second signal de
sous-bande ; et
synthétiser le premier signal de sous-bande et
le second signal de sous-bande en utilisant un
calcul à valeur réelle pour obtenir le signal audio
à large bande.

8. Procédé de décodage audio selon la revendication
7, dans lequel les signaux de composante parasites
contiennent au moins les composantes supprimées
après la synthèse effectuée en utilisant des calculs
à valeur complexe.

9. Procédé de décodage audio selon la revendication
7; dans lequel le premier signal de sous-bande est
composé de signaux de sous-bande basse fréquen-
ce et le second signal de sous-bande est composé
de signaux de sous-bande haute fréquence.

10. Procédé de décodage audio selon la revendication
7, dans lequel le signal de correction généré suppri-
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me les signaux de composante parasites produits
dans une sous-bande adjacente à la sous-bande
dans laquelle le signal sinusoïdal est ajouté.

11. Procédé de décodage audio selon la revendication
7, dans lequel une amplitude du signal de correction
généré est ajustée de manière synchrone à l’ampli-
tude du signal sinusoïdal.

12. Procédé de décodage audio selon la revendication
10, dans lequel le signal sinusoïdal est ajouté à une
sous-bande K, un signal sinusoïdal d’une période T
présentant une amplitude S au temps 0, une ampli-
tude 0 au temps 1T/�4, une amplitude -S au temps
2T/ �4 et une amplitude 0 au temps 3T/�4, et le signal
de correction est appliqué à la sous-bande K-�1 et à
la sous-bande K+1,
le signal de correction appliqué à la sous-bande K-
1 présente une amplitude 0 au temps 0, une ampli-
tude Alpha*S au temps 1T/�4, une amplitude 0 au
temps 2T/ �4, et une amplitude Bêta*S au temps 3T/
4, et
le signal de correction appliqué à la sous-bande K+1
a une amplitude 0 au temps 0, une amplitude Bêta*S
au temps 1T/ �4, une amplitude 0 au temps 2T/ �4, et
une amplitude Alpha*S au temps 3T/�4,
où Alpha et Bêta sont des constantes.

13. Programme comprenant un code exécutable par or-
dinateur pouvant être mis en oeuvre pour amener
un ordinateur à exécuter le procédé de décodage
audio selon la revendication 7.

14. Support d’enregistrement de données lisibles par or-
dinateur pour enregistrer le programme selon la re-
vendication 13.

Patentansprüche

1. Audiodekodiervorrichtung zum Dekodieren eines
Audiosignals von einem Bit-Strom (106), welcher ko-
dierte Information über ein schmalbandiges Audio-
signal (107) und zusätzliche Information (108, 109)
zum Expandieren des schmalbandigen Audiosi-
gnals in ein breitbandiges Audiosignal enthält, wobei
die zusätzliche Information Hochfrequenzkompo-
nenteninformation (108) enthält, die eine Eigen-
schaft eines Bandes höherer Frequenz als ein Band
der kodierten Information bezeichnet, und Sinuskur-
ven hinzufügende Information (109), welche ein si-
nusförmiges Signal bezeichnet, welches zu einem
bestimmten Frequenzband hinzugefügt ist, wobei
die Audiodekodiervorrichtung aufweist:�

einen Bit-Strom Demultiplexer (101), betreib-
bar, um die kodierte Information und die zusätz-
liche Information aus dem Bit-Strom zu demul-

tiplexen;
einen Dekodierer (102), betreibbar, um das
schmalbandige Audiosignal aus der demulti-
plexten kodierten Information zu dekodieren;
einen Analyse-Subbandfilter (103); betreibbar,
um das schmalbandige Audiosignal in ein erstes
Subbandsignal zu separieren, aufgebaut aus ei-
ner Vielzahl von Subbandsignalen;
ein Sinusformsignal-Generator (111), betreib-
bar, um ein sinusförmiges Signal, hinzugefügt
zu einem bestimmten Subband bei einem Band
höherer Frequenz als ein Frequenzband der ko-
dierten Information, basierend auf der Sinuskur-
ven hinzufügenden Information in der demulti-
plexten zusätzlichen Information, zu erzeugen;
ein Korrektursignalgenerator (114), betreibbar,
um, basierend auf einer Phaseneigenschaft und
einer Amplitudeneigenschaft des sinusförmigen
Signals, ein Korrektursignal, hinzugefügt zu
Subbändern in der Nähe eines bestimmten Sub-
bandes, um in den Subbändern in der Nähe des
bestimmten Subbandes auftretende Aliasing-
komponentensignale zu unterdrücken, zu er-
zeugen;
einen Hochfrequenzsignalgenerator (104), be-
treibbar, um ein zweites Subbandsignal zu er-
zeugen, aufgebaut aus einer Vielzahl von Sub-
bandsignalen in einem Band höherer Frequenz
als das Frequenzband der von dem ersten Sub-
bandsignal kodierten Information, und Hochfre-
quenzkomponenteninformation in der demulti-
plexten zusätzlichen Information, und um das
sinusförmige Signal und das Korrektursignal zu
dem zweiten Subbandsignal hinzuzufügen; und
ein realwertiger Berechnungssubbandsynthe-
sefilter (105), betreibbar, um das erste Sub-
bandsignal und das zweite Subbandsignal zu
kombinieren, um das breitbandige Audiosignal
zu erhalten.

2. Audiodekodiervorrichtung nach Anspruch 1, wobei
die Aliasingkomponentensignale mindestens Kom-
ponenten enthalten, die nach Synthese durch einen
Subbandsynthesefilter unterdrückt wurden, der
komplexwertige Berechnungen durchführt.

3. Audiodekodiervorrichtung nach Anspruch 1, wobei
das erste Subbandsignal aus niederfrequenten Sub-
bandsignalen aufgebaut ist, und das zweite Sub-
bandsignal aus hochfrequenten Subbandsignalen
aufgebaut ist.

4. Audiodekodiervorrichtung nach Anspruch 1, wobei
das durch den Korrektursignalgenerator erzeugte
Korrektursignal Aliasingkomponentensignale unter-
drückt, die in einem Subband benachbart zu dem
Subband erzeugt wurden, zu welchem das sinusför-
mige Signal hinzugefügt wird.
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5. Audiodekodiervorrichtung nach Anspruch 1, wobei
eine Amplitude des Korrektursignals, erzeugt durch
den Korrektursignalgenerator, synchron an die Am-
plitude des sinusförmigen Signals angepasst wird.

6. Audiodekodiervorrichtung nach Anspruch 4, wobei
dann, wenn das sinusförmige Signal zu Subband K
hinzugefügt wird, ein sinusförmiges Signal einer Pe-
riode T Amplitude S zum Zeitpunkt 0, Amplitude 0
zum Zeitpunkt 1T/ �4, Amplitude -S zum Zeitpunkt 2T/
4 und Amplitude 0 zum Zeitpunkt 3T/ �4 aufweist, und
das Korrektursignal auf Subband K-�1 und Subband
K+1 angewendet wird,�
das Korrektursignal, welches auf Subband K-�1 an-
gewendet wird, Amplitude 0 zum Zeitpunkt 0, Am-
plitude Alpha*S zum Zeitpunkt 1T/ �4, Amplitude 0
zum Zeitpunkt 2T/�4 und Amplitude Beta*S zum Zeit-
punkt 3T/ �4 aufweist, und
das auf Subband K+1 angewandte Korrektursignal
Amplitude 0 zum Zeitpunkt 0, Amplitude Beta*S zum
Zeitpunkt 1T/ �4, Amplitude 0 zum Zeitpunkt 2T/�4, und
Amplitude Alpha*S zum Zeitpunkt 3T/�4 aufweist,�
wobei Alpha und Beta Konstanten sind.

7. Audiodekodierverfahren zum Dekodieren eines Au-
diosignals aus einem Bit-Strom, welcher kodierte In-
formation über ein schmalbandiges Audiosignal und
zusätzliche Information zum Expandieren des
schmalbandigen Audiosignals in ein breitbandiges
Audiosignal enthält, und die zusätzliche Information
Hochfrequenzkomponenteninformation enthält, die
eine Eigenschaft eines Bandes höherer Frequenz
als ein Band der kodierten Information bezeichnet,
und Sinuskurven hinzufügende Information, die ein
sinusförmiges Signal bezeichnet, welches zu einem
bestimmten Frequenzband hinzugefügt ist, wobei
das Audiodekodierverfahren aufweist:�

Demultiplexen der kodierten Information und
der zusätzlichen Information aus dem Bit-Strom;
Dekodieren des schmalbandigen Audiosignals
aus der demultiplexten kodierten Information;
Separieren des schmalbandigen Audiosignals
in ein erstes Subbandsignal, aufgebaut aus ei-
ner Vielzahl von Subbandsignalen;
Erzeugen eines sinusförmigen Signals, hinzu-
gefügt zu einem bestimmten Subband bei einem
Band höherer Frequenz als ein Frequenzband
der kodierten Information, basierend auf der Si-
nuskurven hinzufügenden Information in der de-
multiplexten zusätzlichen Information;
Erzeugen, basierend auf einer Phaseneigen-
schaft und einer Amplitudeneigenschaft des si-
nusförmigen Signals, von einem Korrektursi-
gnal, hinzugefügt zu Subbändem in der Nähe
eines bestimmten Subbandes, um in den Sub-
bändem in der Nähe des bestimmten Subban-
des auftretende Aliasingkomponentensignale

zu unterdrükken;
Erzeugen eines zweiten Subbandsignals, auf-
gebaut aus einer Vielzahl von Subbandsignalen
in einem Band höherer Frequenz als das Fre-
quenzband der kodierten Information von dem
ersten Subbandsignal, und Hochfrequenzkom-
ponenteninformation in der demultiplexten zu-
sätzlichen Information, und Hinzufügen des si-
nusförmigen Signals und des Korrektursignals
zu dem zweiten Subbandsignal; und
Synthetisieren des ersten Subbandsignals und
des zweiten Subbandsignals unter Verwendung
einer realwertigen Berechnung, um das breit-
bandige Audiosignal zu erhalten.

8. Audiodekodierverfahren nach Anspruch 7, wobei die
Aliasingkomponentensignale mindestens Kompo-
nenten enthalten, die nach einer Synthese unter-
drückt wurden, die unter Verwendung von komplex-
wertigen Berechnungen durchgeführt wurde.

9. Audiodekodierverfahren nach Anspruch 7, wobei
das erste Subbandsignal aus niederfrequenten Sub-
bandsignalen aufgebaut ist, und das zweite Sub-
bandsignal aus hochfrequenten Subbandsignalen
aufgebaut ist.

10. Audiodekodierverfahren nach Anspruch 7, wobei
das erzeugte Korrektursignal Aliasingkomponenten-
signale unterdrückt, die in einem Subband produ-
ziert wurden, welches benachbart zu dem Subband
ist, zu welchem das sinusförmige Signal hinzugefügt
ist.

11. Audiodekodierverfahren nach Anspruch 7, wobei ei-
ne Amplitude des erzeugten Korrektursignals syn-
chron an die Amplitude des sinusförmigen Signals
angepasst wird.

12. Audiodekodierverfahren nach Anspruch 10, wobei
dann, wenn das sinusförmige Signal zu dem Sub-
band K hinzugefügt wird, ein sinusförmiges Signal
mit Periode T Amplitude S zum Zeitpunkt 0, Ampli-
tude 0 zum Zeitpunkt 1T/ �4, Amplitude -S zum Zeit-
punkt 2T/�4 und Amplitude 0 zum Zeitpunkt 3T/ �4 auf-
weist, und das Korrektursignal auf Subband K- �1 und
Subband K+1 angewendet wird,�
das Korrektursignal, welches auf Subband K-�1 an-
gewendet wird, Amplitude 0 zum Zeitpunkt 0, Am-
plitude Alpha*S zum Zeitpunkt 1T/ �4, Amplitude 0
zum Zeitpunkt 2T/�4 und Amplitude Beta*S zum Zeit-
punkt 3T/�4 aufweist, und
das Korrektursignal, welches auf das Subband K+1
angewendet wird, Amplitude 0 zum Zeitpunkt 0, Am-
plitude Beta*S zum Zeitpunkt 1T/�4, Amplitude 0 zum
Zeitpunkt 2T/ �4, und Amplitude *S zum Zeitpunkt 3T/�4
aufweist,�
wobei Alpha und Beta Konstanten sind.
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13. Programm mit computer-ausführbarem Code, be-
treibbar, um einen Computer zu veranlassen, das in
Anspruch 7 beanspruchte Audiodekodierverfahren
auszuführen.

14. Computer-lesbares Datenaufzeichnungsmedium
zum Aufzeichnen des Programms nach Anspruch
13.
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