
DESCRIPTION Title of Invention SPEECH ENCODING DEVICE, SPEECH DECODING
DEVICE, SPEECH ENCODING METHOD, SPEECH DECODING METHOD, 5SPEECH ENCODING
PROGRAM, AND SPEECH DECODING PROGRAM Technical Field [0001] The present
invention relates to a speech encoding device, a speech decoding device, a
speech encoding method, a speech decoding 10method, a speech encoding
program, and a speech decoding program. Background Art [0002] Speech and
audio coding techniques for compressing the amount of data of signals into
a few tenths by removing information not required for human perception by
using psychoacoustics are extremely 



15 important in transmitting and storing signals. Examples of widely used
perceptual audio coding techniques include "MPEG4 AAC" standardized by
"ISO/IEC MPEG". [0003] A bandwidth extension technique for generating high
frequency components by using low frequency components of speech has been
20 widely used in recent years as a method for improving the performance of
speech encoding and obtaining a high speech quality at a low bit rate
Typical examples of the bandwidth extension technique include SBR (Spectral
Band Replication) technique used in "MPEG4 AAC". In SBR, a high frequency
component is generated by converting a signal 25into a spectral region by
using a QMF (Quadrature Minor Filter) filterbank and copying spectral
coefficients from a low frequency band  to a high frequency band with
respect to the transformed signal, and the high frequency component is
adjusted by adjusting the spectral envelope and tonality of the copied
coefficients. Because a speech encoding method using the bandwidth
extension technique can  5reproduce the high frequency components of a
signal by using only a small amount of supplementary information, it is
effective in reducing the bit rate of speech encoding. [0004] In the
bandwidth extension technique in the frequency domain represented by SBR,
the spectral envelope and tonality of the spectral 



10 coefficients represented in the frequency domain are adjusted, by
adjusting a gain for the spectral coefficients, performing linear
prediction inverse filtering in a temporal direction, and superimposing
noise on the spectral coefficient. As a result of this adjustment process,
upon encoding a signal having a large variation in temporal 15 envelope
such as a speech signal, hand-clapping, or castanets, a reverberation noise
called a pre-echo or a post-echo may be perceived in the decoded signal.
This problem is caused because the temporal envelope of the high frequency
component is transformed during the adjustment process, and in many cases,
the temporal envelope is 20 smoother after the adjustment process than
before the adjustment process. The temporal envelope of the high frequency
component after the adjustment process does not match with the temporal
envelope of the high frequency component of an original signal before being
encoded, thereby causing the pre-echo and post-echo. 25[0005] A problem
similar to that of the pre-echo and post-echo also occurs in multi-channel
audio coding using a parametric process  represented by "MPEG Surround" and
Parametric Stereo. A decoder used in multi-channel audio coding includes
means for performing decorrelation on a decoded signal using a
reverberation filter. However, the temporal envelope of the signal is
transformed during the  5 decorrelation, thereby causing degradation of a
reproduction signal similar to that of the pre-echo and post-echo.
Solutions for the problem include a TES (Temporal Envelope Shaping)
technique (Patent Literature 1). In the TES technique, a linear prediction
analysis is performed in a frequency direction on a signal represented in a
QMF  10 domain on which deconelation has not yet been performed to obtain
linear prediction coefficients, and, using the linear prediction
coefficients, linear prediction synthesis filtering is performed in the
frequency direction on the signal on which decorrelation has been
performed. This process allows the 1ES technique to extract the  15
temporal envelope of a signal on which decorrelation has not yet been
performed, and in accordance with the extracted temporal envelope, adjust
the temporal envelope of the signal on which decorrelation has been
performed. Because the signal on which decorrelation has not yet been
performed has a less distorted temporal envelope, the temporal  20 envelope
of the signal on which decorrelation has been performed is adjusted to a
less distorted shape, thereby obtaining a reproduction signal in which the
pre-echo and post-echo is improved. Citation List Patent Literature
25[0006] Patent Literature 1: United States Patent Application Publication 



No. 2006/0239473  Summary of Invention Technical Problem [0007] The TES
technique described above is a technique utilizing the fact that a signal
on which decorrelation has not yet been performed has 5 a less distorted
temporal envelope. However, in an SBR decoder, the high frequency component
of a signal is copied from the low frequency component of the signal.
Accordingly, it is not possible to obtain a less distorted temporal
envelope with respect to the high frequency component. One of the solutions
for this problem is a method of  10 analyzing the high frequency component
of an input signal in an SBR encoder, quantizing the linear prediction
coefficients obtained as a result of the analysis, and multiplexing them
into a bit steam to be transmitted. This method allows the SBR decoder to
obtain linear prediction coefficients including information with less
distorted  15 temporal envelope of the high frequency component. However,
in this case, a large amount of information is required to transmit the
quantized linear prediction coefficients, thereby significantly increasing
the bit rate of the whole encoded bit stream. Thus, the present invention
is intended to reduce the occurrence of pre-echo and post-echo and  20
improve the subjective quality of the decoded signal, without significantly
increasing the bit rate in the bandwidth extension technique in the
frequency domain represented by SBR. Solution to Problem     [0008] A
speech encoding device of the present invention is a speech 25encoding
device for encoding a speech signal and including: core encoding means for
encoding a low frequency component of the speech 



signal; temporal envelope supplementary information calculating means for
calculating temporal envelope supplementary information to obtain an
approximation of a temporal envelope of a high frequency component of the
speech signal by using a temporal envelope of the low  5 frequency
component of the speech signal; and bit stream multiplexing means for
generating a bit stream in which at least the low frequency component
encoded by the core encoding means and the temporal envelope supplementary
information calculated by the temporal envelope supplementary information
calculating means are multiplexed.  10 [0009] In the speech encoding device
of the present invention, the temporal envelope supplementary information
preferably represents a parameter indicating a sharpness of variation in
the temporal envelope of the high frequency component of the speech signal
in a predetermined analysis interval. 15[0010] It is preferable that the
speech encoding device of the present invention further includes frequency
transform means for transforming the speech signal into a frequency domain,
and the temporal envelope supplementary information calculating means
calculate the temporal envelope supplementary information based on high
frequency linear  20 prediction coefficients obtained by performing linear
prediction analysis in a frequency direction on coefficients in high
frequencies of the speech signal transformed into the frequency domain by
the frequency transform means.     [0011] In the speech encoding device of
the present invention, the 25temporal envelope supplementary information
calculating means preferably performs linear prediction analysis in a
frequency direction  on a coefficient in low frequencies of the speech
signal transformed into the frequency domain by the frequency transform
means to obtain low frequency linear prediction coefficients, and
calculates the temporal envelope supplementary information based on the low
frequency linear 5prediction coefficients and the high frequency linear
prediction coefficients. 



[0012] In the speech encoding device of the present invention, the temporal
envelope supplementary information calculating means preferably obtains a
prediction gain from each of the low frequency 10linear prediction
coefficients and the high frequency linear prediction coefficients, and
calculates the temporal envelope supplementary information based on
magnitudes of the two prediction gains. [0013] In the speech encoding
device of the present invention, the temporal envelope supplementary
information calculating means  15 preferably separates the high frequency
component from the speech signal, obtains temporal envelope information
represented in a time domain from the high frequency component, and
calculates the temporal envelope supplementary information based on
magnitude of temporal variation of the temporal envelope information.
20[0014] In the speech encoding device of the present invention, the
temporal envelope supplementary information preferably includes
differential information for obtaining high frequency linear prediction
coefficients by using low frequency linear prediction coefficients obtained
by performing linear prediction analysis in a frequency 25direction on the
low frequency component of the speech signal. [0015] It is preferable that
the speech encoding device of the present  invention further includes
frequency transform means for converting the speech signal into a frequency
domain, and the temporal envelope supplementary information calculating
means perform linear prediction analysis in a frequency direction each of
the low frequency 



5 component and the high frequency component of the speech signal
transformed into the frequency domain by the frequency transform means to
obtain low frequency linear prediction coefficients and high frequency
linear prediction coefficients, and obtain the differential information by
obtaining a difference between the low frequency linear  10 prediction
coefficients and the high frequency linear prediction coefficients. [0016]
In the speech encoding device of the present invention, the differential
information preferably represents a difference between linear prediction
coefficients in at least any domain of LSP (Linear  15 Spectrum Pair), ISP
(Immittance Spectrum Pair), LSF (Linear Spectrum Frequency), ISF
(Immittance Spectrum Frequency), and PARCOR coefficient. [0017] A speech
encoding device of the present invention is a speech encoding device for
encoding a speech signal and including: core  20 encoding means for
encoding a low frequency component of the speech signal; frequency
transform means for transforming the speech signal to a frequency domain;
linear prediction analysis means for performing linear prediction analysis
in a frequency direction on coefficients in high frequencies of the speech
signal transformed into the frequency domain 25by the frequency transform
means to obtain high frequency linear prediction coefficients; prediction
coefficient decimation means for  decimating the high frequency linear
prediction coefficients obtained by the linear prediction analysis means in
a temporal direction; prediction coefficient quantizing means for
quantizing the high frequency linear prediction coefficients decimated by
the prediction coefficient  5 decimation means; and bit stream multiplexing
means for generating a bit stream in which at least the low frequency
component encoded by the core encoding means and the high frequency linear
prediction coefficients quantized by the prediction coefficient quantizing
means are multiplexed. 



10[0018] A speech decoding device of the present invention is a speech
decoding device for decoding an encoded speech signal and including: bit
stream separating means for separating a bit stream received from outside
the speech decoding device that includes the encoded speech signal into an
encoded bit stream and temporal envelope supplementary  15 information;
core decoding means for decoding the encoded bit stream separated by the
bit stream separating means to obtain a low frequency component; frequency
transform means for transforming the low frequency component obtained by
the core decoding means to a frequency domain; high frequency generating
means for generating a  20 high frequency component by copying the low
frequency component transformed into the frequency domain by the frequency
transform means from low frequency bands to high frequency bands; low
frequency temporal envelope calculation means for calculating the low
frequency component transformed into the frequency domain by the
25frequency transform means to obtain temporal envelope information;
temporal envelope adjusting means for adjusting the temporal envelope
information obtained by the low frequency temporal envelope analysis means
by using the temporal envelope supplementary information, and temporal
envelope shaping means for shaping a temporal envelope of the high
frequency component generated by the high frequency  5 generating means by
using the temporal envelope information adjusted by the temporal envelope
adjusting means. [0019] It is preferable that the speech decoding device of
the present invention further include high frequency adjusting means for
adjusting the high frequency component, and the frequency transform means
may  10 be a 64-division QMF filterbank with a real or complex coefficient,
and the frequency transform means, the high frequency generating means, and
the high frequency adjusting means operate based on a Spectral Band
Replication (SBR) decoder for "MPEG4 AAC" defined in "ISO/IEC 14496-3".
15[0020] In the speech decoding device of the present invention, it is 



preferable that the low frequency temporal envelope analysis means perform
linear prediction analysis in a frequency direction on the low frequency
component transformed into the frequency domain by the frequency transform
means to obtain low frequency linear prediction  20 coefficients, the
temporal envelope adjusting means may adjust the low frequency linear
prediction coefficients by using the temporal envelope supplementary
information, and the temporal envelope shaping means may perform linear
prediction filtering in a frequency direction on the high frequency
component in the frequency domain generated by the 25high frequency
generating means, by using linear prediction coefficients adjusted by the
temporal envelope adjusting means, to shape a temporal  envelope of a
speech signal. [0021] In the speech decoding device of the present
invention, it is preferable that the low frequency temporal envelope
analysis means obtain temporal envelope information of a speech signal by
obtaining   5 power of each time slot of the low frequency component
transformed into the frequency domain by the frequency transform means, the
temporal envelope adjusting means adjust the temporal envelope information
by using the temporal envelope supplementary information, and the temporal
envelope shaping means superimpose the adjusted  10 temporal envelope
information on the high frequency component in the frequency domain
generated by the high frequency generating means to shape a temporal
envelope of a high frequency component. [0022] In the speech decoding
device of the present invention, it is preferable that the low frequency
temporal envelope analysis means  15 obtain temporal envelope information
of a speech signal by obtaining power of each QMF subband sample of the low
frequency component transformed into the frequency domain by the frequency
transform means, the temporal envelope adjusting means adjust the temporal
envelope information by using the temporal envelope supplementary 



20 information, and the temporal envelope shaping means shape a temporal
envelope of a high frequency component by multiplying the high frequency
component in the frequency domain generated by the high frequency
generating means by the adjusted temporal envelope information. 25[0023] In
the speech decoding device of the present invention, the temporal envelope
supplementary information preferably represents a  filter strength
parameter used for adjusting strength of linear prediction coefficients.
[0024] In the speech decoding device of the present invention, the temporal
envelope supplementary information preferably represents a 5parameter
indicating magnitude of temporal variation of the temporal envelope
information. [0025] In the speech decoding device of the present invention,
the temporal envelope supplementary information preferably includes
differential information of linear prediction coefficients with respect to
10the low frequency linear prediction coefficients. [0026] In the speech
decoding device of the present invention, the differential information
preferably represents a difference between linear prediction coefficients
in at least any domain of LSP (Linear Spectrum Pair), ISP (Immittance
Spectrum Pair), LSF (Linear Spectrum 



15Frequency), ISF (Immittance Spectrum Frequency), and PARCOR coefficient.
[0027] In the speech decoding device of the present invention, it is
preferable that the low frequency temporal envelope analysis means perform
linear prediction analysis in a frequency direction on the low  20
frequency component transformed into the frequency domain by the frequency
transform means to obtain the low frequency linear prediction coefficients,
and obtain power of each time slot of the low frequency component in the
frequency domain to obtain temporal envelope information of a speech
signal, the temporal envelope adjusting means 25adjust the low frequency
linear prediction coefficients by using the temporal envelope supplementary
information and adjust the temporal  envelope information by using the
temporal envelope supplementary information, and the temporal envelope
shaping means perform linear prediction filtering in a frequency direction
on the high frequency component in the frequency domain generated by the
high frequency 5 generating means by using the linear prediction
coefficients adjusted by the temporal envelope adjusting means to shape a
temporal envelope of a speech signal, and shape a temporal envelope of the
high frequency component by convolving the high frequency component in the
frequency domain with the temporal envelope information adjusted by 10the
temporal envelope adjusting means.  [0028] In the speech decoding device of
the present invention, it is preferable that the low frequency temporal
envelope analysis means perform linear prediction analysis in a frequency
direction on the low frequency component transformed into the frequency
domain by the 15 frequency transform means to obtain the low frequency
linear prediction coefficients, and obtain temporal envelope information of
a speech signal by obtaining power of each QMF subband sample of the low
frequency component in the frequency domain, the temporal envelope
adjusting means adjust the low frequency linear prediction coefficient 



20 by using the temporal envelope supplementary information and adjust the
temporal envelope information by using the temporal envelope supplementary
information, and the temporal envelope shaping means perform linear
prediction filtering in a frequency direction on a high frequency component
in the frequency domain generated by the high 25frequency generating means
by using linear prediction coefficients adjusted by the temporal envelope
adjusting means to shape a temporal  envelope of a speech signal, and shape
a temporal envelope of the high frequency component by multiplying the high
frequency component in the frequency domain by the temporal envelope
information adjusted by the temporal envelope adjusting means. 5[0029] In
the speech decoding device of the present invention, the temporal envelope
supplementary information preferably represents a parameter indicating both
filter strength of linear prediction coefficients and magnitude of temporal
variation of the temporal envelope information. 10[0030] A speech decoding
device of the present invention is a speech decoding device for decoding an
encoded speech signal and including: bit stream separating means for
separating a bit stream received from outside the speech decoding device
that includes the encoded speech signal into an encoded bit stream and
linear prediction coefficients,  15 linear prediction coefficient
interpolation/extrapolation means for interpolating or extrapolating the
linear prediction coefficients in a temporal direction, and temporal
envelope shaping means for performing linear prediction filtering in a
frequency direction on a high frequency component represented in a
frequency domain by using linear  20 prediction coefficients interpolated
or extrapolated by the linear prediction coefficients
interpolation/extrapolation means to shape a temporal envelope of a speech
signal. [0031] A speech encoding method of the present invention is a
speech encoding method using a speech encoding device for encoding a speech
25signal and including: a core encoding step in which the speech encoding 



device encodes a low frequency component of the speech signal; a  temporal
envelope supplementary information calculating step in which the speech
encoding device calculates temporal envelope supplementary information for
obtaining an approximation of a temporal envelope of a high frequency
component of the speech signal by using a temporal  5 envelope of a low
frequency component of the speech signal; and a bit stream multiplexing
step in which the speech encoding device generates a bit stream in which at
least the low frequency component encoded in the core encoding step and the
temporal envelope supplementary information calculated in the temporal
envelope supplementary 10information calculating step are multiplexed.
[00321 A speech encoding method of the present invention is a speech
encoding method using a speech encoding device for encoding a speech signal
and including: a core encoding step in which the speech encoding device
encodes a low frequency component of the speech signal; a  15 frequency
transform step in which the speech encoding device transforms the speech
signal into a frequency domain; a linear prediction analysis step in which
the speech encoding device obtains high frequency linear prediction
coefficients by performing linear prediction analysis in a frequency
direction on coefficients in high  20 frequencies of the speech signal
transformed into the frequency domain in the frequency transform step; a
prediction coefficient decimation step in which the speech encoding device
decimates the high frequency linear prediction coefficients obtained in the
linear prediction analysis means step in a temporal direction; a prediction
coefficient quantizing 25step in which the speech encoding device quantizes
the high frequency linear prediction coefficients decimated in the
prediction coefficient  decimation means step; and a bit stream
multiplexing step in which the speech encoding device generates a bit
stream in which at least the low frequency component encoded in the core
encoding step and the high frequency linear prediction coefficients
quantized in the prediction 5coefficient quantizing step are multiplexed.
[0033] A speech decoding method of the present invention is a speech
decoding method using a speech decoding device for decoding an encoded
speech signal and including: a bit stream separating step in which the
speech decoding device separates a bit stream received from 



10 outside the speech decoding device that includes the encoded speech
signal into an encoded bit stream and temporal envelope supplementary
information; a core decoding step in which the speech decoding device
obtains a low frequency component by decoding the encoded bit stream
separated in the bit stream separating step; a frequency transform step in
15 which the speech decoding device transforms the low frequency component
obtained in the core decoding step into a frequency domain; a high
frequency generating step in which the speech decoding device generates a
high frequency component by copying the low frequency component transformed
into the frequency domain in the frequency  20 transform step from a low
frequency band to a high frequency band; a low frequency temporal envelope
analysis step in which the speech decoding device obtains temporal envelope
information by analyzing the low frequency component transformed into the
frequency domain in the frequency transform step; a temporal envelope
adjusting step in 25which the speech decoding device adjusts the temporal
envelope information obtained in the low frequency temporal envelope
analysis  step by using the temporal envelope supplementary information;
and a temporal envelope shaping step in which the speech decoding device
shapes a temporal envelope of the high frequency component generated in the
high frequency generating step by using the temporal envelope 5information
adjusted in the temporal envelope adjusting step. [0034] A speech decoding
method of the present invention is a speech decoding method using a speech
decoding device for decoding an encoded speech signal and including: a bit
stream separating step in which the speech decoding device separates a bit
stream received from  10 outside the speech decoding device that includes
the encoded speech signal into an encoded bit stream and linear prediction
coefficients; a linear prediction coefficient interpolating/extrapolating
step in which the speech decoding device interpolates or extrapolates the
linear prediction coefficients in a temporal direction; and a temporal
envelope shaping  15 step in which the speech decoding device shapes a
temporal envelope of a speech signal by perfonning linear prediction
filtering in a frequency direction on a high frequency component
represented in a frequency domain by using the linear prediction
coefficients interpolated or extrapolated in the linear prediction
coefficient 20interpolating/extrapolating step. [0035] A speech encoding
program of the present invention for encoding a speech signal causes a
computer device to function as: core encoding means for encoding a low
frequency component of the speech signal; temporal envelope supplementary
information calculating means 25for calculating temporal envelope
supplementary information to obtain 



an approximation of a temporal envelope of a high frequency  component of
the speech signal by using a temporal envelope of the low frequency
component of the speech signal; and bit stream multiplexing means for
generating a bit stream in which at least the low frequency component
encoded by the core encoding means and the temporal  5 envelope
supplementary information calculated by the temporal envelope supplementary
information calculating means are multiplexed. [0036] A speech encoding
program of the present invention for encoding a speech signal causes a
computer device to function as: core encoding means for encoding a low
frequency component of the speech  10 signal; frequency transform means for
converting the speech signal into a frequency domain; linear prediction
analysis means for performing linear prediction analysis in a frequency
direction on coefficients in high frequencies of the speech signal
transformed into the frequency domain by the frequency transform means to
obtain high frequency linear  15 prediction coefficients; prediction
coefficient decimation means for decimating the high frequency linear
prediction coefficients obtained by the linear prediction analysis means in
a temporal direction; prediction coefficient quantizing means for
quantizing the high frequency linear prediction coefficients decimated by
the prediction coefficient  20 decimation means; and bit stream
multiplexing means for generating a bit stream in which at least the low
frequency component encoded by the core encoding means and the high
frequency linear prediction coefficients quantized by the prediction
coefficient quantizing means are multiplexed. 25[0037] A speech decoding
program of the present invention for decoding an encoded speech signal
causes a computer device to  function as: bit stream separating means for
separating a bit stream received from outside the speech decoding program
that includes the encoded speech signal into an encoded bit stream and
temporal envelope supplementary information; core decoding means for
decoding  5 the encoded bit stream separated by the bit stream separating
means to obtain a low frequency component; frequency transform means for
transforming the low frequency component obtained by the core decoding
means into a frequency domain; high frequency generating means for
generating a high frequency component by copying the low  10 frequency
component transformed into the frequency domain by the frequency transform
means from a low frequency band to a high frequency band; low frequency
temporal envelope analysis means for analyzing the low frequency component
transformed into the frequency domain by the frequency transform means to
obtain temporal envelope  15 information; temporal envelope adjusting means
for adjusting the temporal envelope information obtained by the low
frequency temporal envelope analysis means by using the temporal envelope
supplementary information; and temporal envelope shaping means for shaping
a temporal envelope of the high frequency component generated by the 



20 high frequency generating means by using the temporal envelope
information adjusted by the temporal envelope adjusting means. [0038] A
speech decoding program of the present invention for decoding an encoded
speech signal causes a computer device to function as: bit steam separating
means for separating a bit stream that 25includes the encoded speech signal
into an encoded bit stream and linear prediction coefficients. The bit
stream received from outside the  speech decoding program. In addition, the
speech decoding program further causing a computer device to function as;
linear prediction coefficient interpolation/extrapolation means for
interpolating or extrapolating the linear prediction coefficients in a
temporal direction;  5 and temporal envelope shaping means for performing
linear prediction filtering in a frequency direction on a high frequency
component represented in a frequency domain by using linear prediction
coefficients interpolated or extrapolated by the linear prediction
coefficient interpolation/extrapolation means to shape a temporal
10envelope of a speech signal. [0039] In the speech decoding device of the
present invention, the temporal envelope shaping means, after performing
the linear prediction filtering in the frequency direction on the high
frequency component in the frequency domain generated by the high frequency
generating  15 means, preferably adjusts power of a high frequency
component obtained as a result of the linear prediction filtering to a
value equivalent to that before the linear prediction filtering. [0040] In
the speech decoding device of the present invention, the temporal envelope
shaping means, after performing the linear prediction  20 filtering in the
frequency direction on the high frequency component in the frequency domain
generated by the high frequency generating means, preferably adjusts power
in a certain frequency range of a high frequency component obtained as a
result of the linear prediction filtering to a value equivalent to that
before the linear prediction 25filtering. 



[0041] In the speech decoding device of the present invention, the
temporal envelope supplementary information is preferably a ratio of a
minimum value to an average value of the adjusted temporal envelope
information. [0042] In the speech decoding device of the present invention,
the  5 temporal envelope shaping means, after controlling a gain of the
adjusted temporal envelope so that power of the high frequency component in
the frequency domain in an SBR envelope time segment is equivalent before
and after shaping of the temporal envelope, preferably shape a temporal
envelope of the high frequency component  10 by multiplying the temporal
envelope whose gain is controlled by the high frequency component in the
frequency domain. [0043] In the speech decoding device of the present
invention, the low frequency temporal envelope analysis means preferably
obtains power of each QMF subband sample of the low frequency component  15
transformed to the frequency domain by the frequency transform means, and
obtains temporal envelope information represented as a gain coefficient to
be multiplied by each of the QMF subband samples, by normalizing the power
of each of the QMF subband samples by using average power in an SBR
envelope time segment 20[0044] A speech decoding device of the present
invention is a speech decoding device for decoding an encoded speech signal
and including: core decoding means for obtaining a low frequency component
by decoding a bit stream received from outside the decoding device that
includes the encoded speech signal; frequency transform means for
25transforming the low frequency component obtained by the core decoding
means into a frequency domain; high frequency generating 



means for generating a high frequency component by copying the low
frequency component transformed into the frequency domain by the frequency
transform means from a low frequency band to a high frequency band; low
frequency temporal envelope analysis means for  5 analyzing the low
frequency component transformed into the frequency domain by the frequency
transform means to obtain temporal envelope information; temporal envelope
supplementary information generating means for analyzing the bit stream to
generate temporal envelope supplementary information; temporal envelope
adjusting means for  10 adjusting the temporal envelope information
obtained by the low frequency temporal envelope analysis means by using the
temporal envelope supplementary information; and temporal envelope shaping
means for shaping a temporal envelope of the high frequency component
generated by the high frequency generating means by using 15the temporal
envelope information adjusted by the temporal envelope adjusting means.
[0045] It is preferable that the speech decoding device of the present
invention include primary high frequency adjusting means and secondary high
frequency adjusting means, both corresponding to the  20 high frequency
adjusting means, the primary high frequency adjusting means may execute a
process including a part of a process corresponding to the high frequency
adjusting means, the temporal envelope shaping means may shape a temporal
envelope of an output signal of the primary high frequency adjusting means,
the secondary 95high frequency adjusting means may execute a process not
executed by the primary high frequency adjusting means among processes
corresponding to the high frequency adjusting means on an output signal of
the temporal envelope shaping means, and the secondary high frequency
adjusting means may be an addition process of a sine wave during SBR
decoding 



5Advantageous Effects of Invention [0046] According to the present
invention, the occurrence of pre-echo and post-echo can be reduced and the
subjective quality of a decoded signal can be improved without
significantly increasing the bit rate in the bandwidth extension technique
in the frequency domain represented 10by SBR. Brief Description of Drawings
[0047] FIG 1 is a diagram illustrating a speech encoding device according
to a first embodiment;               FIG 2 is a flowchart to describe an
operation of the speech 15encoding device according to the first
embodiment;       FIG 3 is a diagram illustrating a speech decoding device
according to the first embodiment;       FIG 4 is a flowchart to describe
an operation of the speech decoding device according to the first
embodiment; 20FIG 5 is a diagram illustrating a speech encoding device
according to a first modification of the first embodiment;       FIG 6 is a
diagram illustrating a speech encoding device according to a second
embodiment;               FIG 7 is a flowchart to describe an operation of
the speech 25encoding device according to the second embodiment; 



FIG. 8 is a diagram illustrating a speech decoding device  according to the
second embodiment;       FIG 9 is a flowchart to describe an operation of
the speech decoding device according to the second embodiment;
FIG. 10 is a diagram illustrating a speech encoding device 5according to a
third embodiment;       FIG 11 is a flowchart to describe an operation of
the speech encoding device according to the third embodiment;       FIG. 12
is a diagram illustrating a speech decoding device according to the third
embodiment; 10FIG 13 is a flowchart to describe an operation of the speech
decoding device according to the third embodiment;       FIG 14 is a
diagram illustrating a speech decoding device according to a fourth
embodiment;               FIG. 15 is a diagram illustrating a speech
decoding device 15according to a modification of the fourth embodiment;
FIG 16 is a diagram illustrating a speech decoding device according to
another modification of the fourth embodiment; 



FIG 17 is a flowchart to describe an operation of the speech decoding
device according to the other modification of the fourth 20embodiment;
FIG 18 is a diagram illustrating a speech decoding device according to
another modification of the first embodiment;           FIG. 19 is a
flowchart to describe an operation of the speech decoding device according
to the other modification of the first 25embodiment; FIG. 20 is a diagram
illustrating a speech decoding device  according to another modification of
the first embodiment;       FIG 21 is a flowchart to describe an operation
of the speech decoding device according to the other modification of the
first embodiment; 5FIG 22 is a diagram illustrating a speech decoding
device according to a modification of the second embodiment;       FIG 23
is a flowchart to describe an operation of the speech decoding device
according to the modification of the second embodiment; 10FIG. 24 is a
diagram illustrating a speech decoding device according to another
modification of the second embodiment; 



FIG 25 is a flowchart to describe an operation of the speech decoding
device according to the other modification of the second embodiment; 15FIG
26 is a diagram illustrating a speech decoding device according to another
modification of the fourth embodiment;       FIG 27 is a flowchart to
describe an operation of the speech decoding device according to the other
modification of the fourth embodiment; 20FIG. 28 is a diagram illustrating
a speech decoding device according to another modification of the fourth
embodiment,       FIG 29 is a flowchart to describe an operation of the
speech decoding device according to the other modification of the fourth
embodiment; 25FIG 30 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;         FIG. 31
is a diagram illustrating a speech decoding device according to another
modification of the fourth embodiment;           FIG. 32 is a flowchart to
describe an operation of the speech decoding device according to the other
modification of the fourth 5embodiment;       FIG. 33 is a diagram
illustrating a speech decoding device according to another modification of
the fourth embodiment; 



FIG 34 is a flowchart to describe an operation of the speech decoding
device according to the other modification of the fourth 10embodiment; FIG
35 is a diagram illustrating a speech decoding device according to another
modification of the fourth embodiment;       FIG. 36 is a flowchart to
describe an operation of the speech decoding device according to the other
modification of the fourth 15embodiment; FIG. 37 is a diagram illustrating
a speech decoding device according to another modification of the fourth
embodiment; FIG. 38 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment,  20 FIG. 39 is
a flowchart to describe an operation of the speech decoding device
according to the other modification of the fourth embodiment; FIG 40 is a
diagram illustrating a speech decoding device according to another
modification of the fourth embodiment; 25FIG. 41 is a flowchart to describe
an operation of the speech 



decoding device according to the other modification of the fourth
embodiment;      FIG 42 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;          FIG 43
is a flowchart to describe an operation of the speech 5decoding device
according to the other modification of the fourth embodiment;       FIG. 44
is a diagram illustrating a speech encoding device according to another
modification of the first embodiment;               FIG. 45 is a diagram
illustrating a speech encoding device 10according to still another
modification of the first embodiment; FIG 46 is a diagram illustrating a
speech encoding device according to a modification of the second
embodiment; FIG. 47 is a diagram illustrating a speech encoding device
according to another modification of the second embodiment; 



15FIG. 48 is a diagram illustrating a speech encoding device according to
the fourth embodiment; FIG. 49 is a diagram illustrating a speech encoding
device according to another modification of the fourth embodiment; and
FIG. 50 is a diagram illustrating a speech encoding device 20according to
another modification of the fourth embodiment. Description of Embodiments
[0048] Preferable embodiments according to the present invention are
described below in detail with reference to the accompanying drawings. In
the description of the drawings, elements that are the same are 25labeled
with the same reference symbols, and the duplicated description thereof is
omitted, if applicable.  [0049] (First Embodiment) 



FIG 1 is a diagram illustrating a speech encoding device 11 according to a
first embodiment. The speech encoding device 11 physically includes a CPU,
a ROM, a RAM, a commtmication device,  5 and the like, which are not
illustrated, and the CPU integrally controls the speech encoding device 11
by loading and executing a predetermined computer program (such as a
computer program for performing processes illustrated in the flowchart of
FIG 2) stored in a built-in memory of the speech encoding device 11 such as
the ROM into  10 the RAM. The communication device of the speech encoding
device 11 receives a speech signal to be encoded from outside the speech
encoding device 11, and outputs an encoded multiplexed bit stream to the
outside of the speech encoding device 11. [0050] The speech encoding device
11 functionally includes a  15 frequency transform unit la (frequency
transform means), a frequency inverse transform unit lb, a core codec
encoding unit lc (core encoding means), an SBR encoding unit ld, a linear
prediction analysis unit le (temporal envelope supplementary information
calculating means), a filter strength parameter calculating unit 1 f
(temporal envelope  20 supplementary information calculating means), and a
bit stream multiplexing unit 1 g (bit stream multiplexing means). The
frequency transform unit la to the bit stream multiplexing unit lg of the
speech encoding device 11 illustrated in FIG. 1 are functions realized when
the CPU of the speech encoding device 11 executes the computer program
25stored in the built-in memory of the speech encoding device 11. The CPU
of the speech encoding device 11 sequentially executes processes
(processes from Step Sal to Step Sal) illustrated in the flowchart of FIG.
2, by executing the computer program (or by using the frequency transform
unit la to the bit stream multiplexing unit lg illustrated in FIG. 1).
Various types of data required to execute the computer program  5 and
various types of data generated by executing the computer program are all
stored in the built-in memory such as the ROM and the RAM of the speech
encoding device 11. [0051] The frequency transform unit la analyzes an
input signal received from outside the speech encoding device 11 via the
10 communication device of the speech encoding device 11 by using a
multi-division QMF filterbank to obtain a signal q (k, r) in a QMF domain
(process at Step Sal). It is noted that k (0t63) is an index in a frequency
direction, and r is an index indicating a time slot. The frequency inverse
transform unit lb synthesize a half of coefficients on 



15 the low frequency side in the signal of the QMF domain obtained by the
frequency transform unit la by using the QMF filterbank to obtain a
down-sampled time domain signal that includes only low-frequency components
of the input signal (process at Step 5a2). The core codec encoding unit lc
encodes the down-sampled time domain signal to  20 obtain an encoded bit
stream (process at Step Sa3). The encoding performed by the core codec
encoding unit lc may be based on a speech coding method represented by a
CELP method, or may be based on a audio coding method such as a
transformation coding represented by AAC or a TCX (Transform Coded
Excitation) method. 25[0052] The SBR encoding unit id receives the signal
in the QMF domain from the frequency transform unit la, and performs SBR
encoding based on analyzing the power, signal change, tonality, and the
like of the high frequency components to obtain SBR supplementary
information (process at Step 5a4). The QNEF analyzing method in the
frequency transform unit la and the SBR encoding method in the SBR
5encoding unit id are described in detail in, for example, a Literature
"3GPP TS 26.404: Enhanced aacPlus encoder SBR part". [0053] The linear
prediction analysis unit le receives the signal in the QMF domain from the
frequency transform unit I a, and performs linear prediction analysis in
the frequency direction on the high frequency  10 components of the signal
to obtain high frequency linear prediction coefficients ail (n, r) (l_CnI)
(process at Step Sa5). It is noted that N is a linear prediction order. The
index r is an index in a temporal direction for a sub-sample of the signals
in the QMF domain. A covariance method or an autocorrelation method may be
used for the  15 signal linear prediction analysis. The linear prediction
analysis to obtain a (n, r) is performed on the high frequency components
that satisfy kie....63 in q (k, r). It is noted that IQ is a frequency
index corresponding to an upper limit frequency of the frequency band
encoded by the core codec encoding unit lc. The linear prediction
20analysis unit le may also perform linear prediction analysis on low 



frequency components different from those analyzed when aH(n, r) are
obtained to obtain low frequency linear prediction coefficients aL(n,
different from au (n, r) (linear prediction coefficients according to such
low frequency components correspond to temporal envelope 25information, and
is the same in the first embodiment as in the below). The linear prediction
analysis to obtain at (n, r) is performed on low  frequency components that
satisfy 0-1(<1(x. The linear prediction analysis may also be performed on a
part of the frequency band included in a section of Oc<kx. [0054] The
filter strength parameter calculating unit if, for example,  5 utilizes the
linear prediction coefficients obtained by the linear prediction analysis
unit le to calculate a filter strength parameter (the filter strength
parameter corresponds to temporal envelope supplementary information and is
the same in the first embodiment as in the below) (process at Step Sa6). A
prediction gain GH(r) is first  10 calculated from aH (n, r). The method
for calculating the prediction gain is, for example, described in detail in
"Speech Coding, Takehiro Moriya, The Institute of Electronics, Information
and Communication Engineers". If aL (n, r) has been calculated, a
prediction gain GL(r) is calculated similarly. The filter strength
parameter K(r) is a parameter  15 that increases as GH(r) is increased, and
for example, can be obtained according to the following expression (1).
Here, max (a, b) indicates the maximum value of a and b, and min (a, b)
indicates the minimum value of a and b. K(r)=max(0, min(1, GH(r)-1) )
20[0055] If GL(r) has been calculated, K(r) can be obtained as a parameter
that increases as GH(r) is increased, and decreases as Gift) is increased.
In this case, for example, K can be obtained according to the following
expression (2). K(r)=max(0, min(1, GH(r)/GL(r)-1))---(2) 25[0056] K(r) is a
parameter indicating the strength for adjusting the 



temporal envelope of the high frequency components during the SBR decoding.
A value of the prediction gain with respect to the linear prediction
coefficients in the frequency direction is increased as the variation of
the temporal envelope of a signal in the analysis interval  5 becomes
sharp. K(r) is a parameter for instructing a decoder to strengthen the
process for sharpening the variation of the temporal envelope of the high
frequency components generated by SBR, with the increase of its value. K(r)
may also be a parameter for instructing a decoder (such as a speech
decoding device 21) to weaken the process  10 for sharpening the variation
of the temporal envelope of the high frequency components generated by SBR,
with the decrease of its value, or may include a value for not executing
the process for sharpening the variation of the temporal envelope. Instead
of transmitting K(r) to each time slot, K(r) representing a plurality of
time slots may be  15 transmitted. To determine the segment of the time
slots in which the same value of K(r) is shared, it is preferable to use
information on time borders of SBR envelope (SBR envelope time border)
included in the SBR supplementary information. [0057] K(r) is transmitted
to the bit stream multiplexing unit lg after  20 being quantized. It is
preferable to calculate K(r) representing the plurality of time slots, for
example, by calculating an average of K(r) of a plurality of time slots r
before quantization is performed. To transmit K(r) representing the
plurality of time slots, K(r) may also be obtained from the analysis result
of the entire segment formed of the plurality of 25time slots, instead of
independently calculating K(r) from the result of analyzing each time slot
such as the expression (2). In this case, K(r)  may be calculated, for
example, according to the following expression (3). Here, mean(-) indicates
an average value in the segment of the time slots represented by K(r). K(r)
= max( 0, niln(1, mean (GH (r)/mean (G, (r)) 1))) 5 [0058] K(r) may be
exclusively transmitted with inverse filter mode information included in
the SBR supplementary information described in "ISO/IEC 14496-3 subpart 4
General Audio Coding". In other words, K(r) is not transmitted for the time
slots for which the inverse 



10 filter mode information in the SBR supplementary information is
transmitted, and the inverse filter mode information (bs_invf mode in
"ISO/IEC 14496-3 subpart 4 General Audio Coding") in the SBR supplementary
information need not be transmitted for the time slot for which K(r) is
transmitted. Information indicating that either K(r) or 15 the inverse
filter mode information included in the SBR supplementary information is
transmitted may also be added. K(r) and the inverse filter mode information
included in the SBR supplementary information may be combined to handle as
vector information, and perform entropy coding on the vector. In this case,
the combination of K(r) and the 20value of the inverse filter mode
information included in the SBR supplementary information may be
restricted. [00591 The bit stream multiplexing unit lg multiplexes the
encoded bit stream calculated by the core codec encoding unit lc, the SBR
supplementary information calculated by the SBR encoding unit 1d, and
25K(r) calculated by the filter strength parameter calculating unit if, and
outputs a multiplexed bit stream (encoded multiplexed bit stream)  through
the communication device of the speech encoding device 11 (process at Step
Sa7). [0060]FIG. 3 is a diagram illustrating a speech decoding device 21
according to the first embodiment. The speech  5 decoding device 21
physically includes a CPU, a ROM, a RAM, a communication device, and the
like, which are not illustrated, and the CPU integrally controls the speech
decoding device 21 by loading and executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 4) 



10 stored in a built-in memory of the speech decoding device 21 such as the
ROM into the RAM. The communication device of the speech decoding device 21
receives the encoded multiplexed bit stream output from the speech encoding
device 11, a speech encoding device lla of a modification 1, which will be
described later, or a speech encoding  15 device of a modification 2, which
will be described later, and outputs a decoded speech signal to outside the
speech decoding device 21. The speech decoding device 21, as illustrated in
FIG. 3, functionally includes a bit stream separating unit 2a (bit stream
separating means), a core codec decoding unit 2b (core decoding means), a
frequency transform  20 unit 2c (frequency transform means), a low
frequency linear prediction analysis unit 2d (low frequency temporal
envelope analysis means), a signal change detecting unit 2e, a filter
strength adjusting unit 2f (temporal envelope adjusting means), a high
frequency generating unit 2g (high frequency generating means), a high
frequency linear 25prediction analysis unit 2h, a linear prediction inverse
filter unit 2i, a high frequency adjusting unit 2j (high frequency
adjusting means), a  linear prediction filter unit 2k (temporal envelope
shaping means), a coefficient adding unit 2m, and a frequency inverse
transform unit 2n. The bit stream separating unit 2a to an envelope shape
parameter calculating unit In of the Speech decoding device 21 illustrated
in FIG 3  5 are functions realized when the CPU of the speech decoding
device 21 executes the computer program stored in the built-in memory of
the speech decoding device 21. The CPU of the speech decoding device 21
sequentially executes processes (processes from Step Sbl to Step Sb11)
illustrated in the flowchart of FIG 4, by executing the computer  10
program (or by using the bit stream separating unit 2a to the envelope
shape parameter calculating unit in illustrated in FIG 3). Various types of
data required to execute the computer program and various types of data
generated by executing the computer program are all stored in the built-in
memory such as the ROM and the RAM of the 15speech decoding device 21.
[0061] The bit stream separating unit 2a separates the multiplexed bit
stream supplied through the communication device of the speech decoding
device 21 into a filter strength parameter, SBR supplementary information,
and the encoded bit stream The core codec decoding unit  20 2b decodes the
encoded bit stream received from the bit stream separating unit 2a to
obtain a decoded signal including only the low frequency components
(process at Step Sbl). At this time, the decoding method may be based on
the speech coding method represented by the CELP method, or may be based on
audio coding such 25as the AAC or the TCX (Transform Coded Excitation)
method. [0062] The frequency transform unit 2c analyzes the decoded signal 



FP10-0059-00 received from the core codec decoding unit 2b by using the
multi-division QMF filter bank to obtain a signal IC
-idec (k, r) in the QMF domain (process at Step Sb2). It is noted that k
(0.1c563) is an index in the frequency direction, and r is an index
indicating an index for the 5sub-sample of the signal in the QMF domain in
the temporal direction. [0063] The low frequency linear prediction analysis
unit 2d performs linear prediction analysis in the frequency direction on
qdec (k, r) of each time slot r, obtained from the frequency transform unit
2c, to obtain low frequency linear prediction coefficients adec (n, r)
(process at Step 5b3).  10 The linear prediction analysis is performed for
a range of 0<c<icx corresponding to a signal bandwidth of the decoded
signal obtained from the core codec decoding unit 2b. The linear prediction
analysis may be performed on a part of frequency band included in the
section of Oc<kx. 15[0064] The signal change detecting unit 2e detects the
temporal variation of the signal in the QMF domain received from the
frequency transform unit 2c, and outputs it as a detection result T(r). The
signal change may be detected, for example, by using the method described
below. 201.Short-term power p(r) of a signal in the time slot r is obtained
according to the following expression (4). =dec (k 012---(4) 2.An envelope
penv(r) obtained by smoothing p(r) is        obtained according to the
following expression (5). It is noted that a is 



25a constant that satisfies 0<a<1.  P env(r)- a ' P env(r -1) + (1-a)  p(r)
3.T(r) is obtained according to the following expression (6) by using p(r)
and pe,w(r), where 13 is a constant. T (r)= max(1, p(r)Afi  p
env(r)))---(6) 5The methods described above are simple examples for
detecting the signal change based on the change in power, and the signal
change may be detected by using other more sophisticated methods. In
addition, the signal change detecting unit 2e may be omitted. [0065] The
filter strength adjusting unit 2f adjusts the filter strength  10 with
respect to ate (n, r) obtained from the low frequency linear prediction
analysis unit 2d to obtain adjusted linear prediction coefficients aedj (n,
r), (process at Step 5b4). The filter strength is adjusted, for example,
according to the following expression (7), by using a filter strength
parameter K received through the bit stream 15separating unit 2a. a
adj(n,r)= a (1.(13 r)  K(1"n"N)       If an output T(r) is obtained from
the signal change detecting unit 2e, the strength may be adjusted according
to the following expression (8). 20;co (n, r) = a dec(n, r)  (K(r)  T (r)rn



[0066] The high frequency generating unit 2g copies the signal in the QMF
domain obtained from the frequency transform unit 2c from the  low
frequency band to the high frequency band to generate a signal gem, (k, r)
in the QMF domain of the high frequency components (process at Step Sb5).
The high frequency components are generated according to the HF generation
method in SBR in "MPEG4 AAC" ("IS0/1EC 514496-3 subpart 4 General Audio
Coding") [0067] The high frequency linear prediction analysis unit 2h
performs linear prediction analysis in the frequency direction on gem, (k,
r) of each of the time slots r generated by the high frequency generating
unit 2g to obtain high frequency linear prediction coefficients aexp (n, r)
(process at  10 Step 5b6). The linear prediction analysis is performed for
a range of kx.k..63 corresponding to the high frequency components
generated by the high frequency generating unit 2g. [0068] The linear
prediction inverse filter unit 2i performs linear prediction inverse
filtering in the frequency direction on a signal in the  15 QMF domain of
the high frequency band generated by the high frequency generating unit 2g,
using aexp (n, r) as coefficients (process at Step 5b7). The transfer
function of the linear prediction inverse filter can be expressed as the
following expression (9). f (z) =1 + ac(n,r)z-n n=1 20The linear prediction
inverse filtering may be performed from a coefficient at a lower frequency
towards a coefficient at a higher frequency, or may be performed in the
opposite direction. The linear prediction inverse filtering is a process
for temporarily flattening the temporal envelope of the high frequency
components, before the 



25temporal envelope shaping is performed at the subsequent stage, and the
linear prediction inverse filter unit 2i may be omitted. It is also
possible to perform linear prediction analysis and inverse filtering on
outputs from the high frequency adjusting unit 2j, which will be described
later, by the high frequency linear prediction analysis unit 2h  5 and the
linear prediction inverse filter unit 2i, instead of performing linear
prediction analysis and inverse filtering on the high frequency components
of the outputs from the high frequency generating unit 2g. The linear
prediction coefficients used for the linear prediction inverse filtering
may also be adaa (n, r) or aadj (n, r), instead of aexp (n, r). The  10
linear prediction coefficients used for the linear prediction inverse
filtering may also be linear prediction coefficients aexp,adj(n, r)
obtained by performing filter strength adjustment on aexp (n, r). The
strength adjustment is performed according to the following expression
(10), similar to that when aadj (n, r) is obtained. 15a e x Macti(n r) aexp
(n r)- K(r)n(11)..N)(10) [0069] The high frequency adjusting unit 2]
adjusts the frequency characteristics and tonality of the high frequency
components of an output from the linear prediction inverse filter unit 2i
(process at Step Sb8). The adjustment is performed according to the SBR  20
supplementary information received from the bit stream separating unit 2a.
The processing by the high frequency adjusting unit 2] is performed
according to "HF adjustment" step in SBR in "MPEG4 AAC", and is adjusted by
performing linear prediction inverse filtering in the temporal direction,
the gain adjustment, and the noise addition on 25the signal in the QMF
domain of the high frequency band. The details of the processes in the
steps described above are described in "ISO/IEC  14496-3 subpart 4 General
Audio Coding" As described above, the frequency transform unit 2c, the high
frequency generating unit 2g, and the high frequency adjusting unit 2j all
operate according to the SBR decoder hi "NTTEG4 AAC" defined in "ISO/lEC
14496-3". 5[0070] The linear prediction filter unit 2k performs linear
prediction synthesis filtering in the frequency direction on a high
frequency components gad; (n, r) of a signal in the QM} domain output from
the high frequency adjusting unit 2j, by using aadi (n, r) obtained from
the filter strength adjusting unit 2f (process at Step Sb9). The transfer 



10function of the linear prediction synthesis filtering can be expressed as
the following expression (11). 1 1+ Laadj(n,r)z-" n=1          By
performing the linear prediction synthesis filtering, the linear prediction
filter unit 2k shapes the temporal envelope of the high 15frequency
components generated based on SBR. [0071] The coefficient adding unit 2m
adds a signal in the QM} domain including the low frequency components
output from the frequency transform unit 2c and a signal in the QM} domain
including the high frequency components output from the linear prediction
filter unit 2k, 20 and outputs a signal in the QIVIT domain including both
the low frequency components and the high frequency components (process at
Step Sb10). [0072] The frequency inverse transform unit 2n processes the
signal in the QM} domain obtained from the coefficient adding unit 2m by
using  a QMF synthesis filter bank. Accordingly, a time domain decoded
speech signal including both the low frequency components obtained by the
core codec decoding and the high frequency components generated by SBR and
whose temporal envelope is shaped by the linear prediction  5 filter is
obtained, and the obtained speech signal is output to outside the speech
decoding device 21 through the built-in communication device (process at
Step Sb11). If K(r) and the inverse filter mode information of the SBR
supplementary information described in "ISO/IEC 14496-3 subpart 4 General
Audio Coding" are exclusively transmitted, the  10 frequency inverse
transform unit 2n may generate inverse filter mode information of the SBR
supplementary information for a time slot to which K(r) is transmitted but
the inverse filter mode information of the SBR supplementary information is
not transmitted, by using inverse filter mode information of the SBR
supplementary information with 



15 respect to at least one time slot of the time slots before and after the
time slot. It is also possible to set the inverse filter mode information
of the SBR supplementary information of the time slot to a predetermined
mode in advance. The frequency inverse transform unit 2n may generate K(r)
for a time slot to which the inverse filter data of the SBR  20
supplementary information is transmitted but K(r) is not transmitted, by
using K(r) for at least one time slot of the time slots before and after
the time slot It is also possible to set K(r) of the time slot to a
predetermined value in advance. The frequency inverse transform unit 2n may
also determine whether the transmitted information is K(r) or 25the inverse
filter mode information of the SBR supplementary information, based on
information indicating whether K(r) or the  inverse filter mode information
of the SBR supplementary information is transmitted. [0073] (Modification 1
of First Embodiment) FIG 5 is a diagram illustrating a Modification (speech
encoding  5 device 11a) of the speech encoding device according to the
first embodiment. The speech encoding device ha physically includes a CPU,
a ROM, a RAM, a communication device, and the like, which are not
illustrated, and the CPU integrally controls the speech encoding device lla
by loading and executing a predetermined computer program  10 stored in a
built-in memory of the speech encoding device ha such as the ROM into the
RAM. The communication device of the speech encoding device 1 1 a receives
a speech signal to be encoded from outside the speech encoding device 11a,
and outputs an encoded multiplexed bit stream to the outside of the speech
encoding device 11 a.  15 [0074] The speech encoding device 11a, as
illustrated in FIG. 5, finictionally includes a high frequency inverse
transform unit lh, a short-term power calculating unit li (temporal
envelope supplementary information calculating means), a filter strength
parameter calculating unit if! (temporal envelope supplementary information
calculating  20 means), and a bit stream multiplexing unit lgl (bit stream
multiplexing means), instead of the linear prediction analysis unit le, the
filter strength parameter calculating unit if, and the bit stream
multiplexing unit lg of the speech encoding device 11. The bit stream
multiplexing unit lgl has the same finiction as that of 1G. The frequency
transform 25unit la to the SBR encoding unit id, the high frequency inverse
transfoun unit lh, the short-term power calculating unit I i, the filter 



strength parameter calculating unit lfl, and the bit stream multiplexing
unit lg 1 of the speech encoding device 1 la illustrated in FIG 5 are
functions realized when the CPU of the speech encoding device lla executes
the computer prograni stored in the built-in memory of the  5 speech
encoding device 11 a. Various types of data required to execute the
computer program and various types of data generated by executing the
computer program are all stored in the built-in memory such as the ROM and
the RAM of the speech encoding device 11 a. [0075] The high frequency
inverse transform unit lh replaces the  10 coefficients of the signal in
the QM-1 domain obtained from the frequency transform unit la with "0",
which correspond to the low frequency components encoded by the core codec
encoding unit lc, and processes the coefficients by using the QM-1
synthesis filter bank to obtain a time domain signal that includes only the
high frequency  15 components. The short-term power calculating unit li
divides the high frequency components in the time domain obtained from the
high frequency inverse transform unit lh into short segments, calculates
the power, and calculates p(r). As an alternative method, the short-term
power may also be calculated according to the following expression 20(12)
by using the signal in the QMF domain. 63 p(r)= Elq(k,r)12---(12) k=0
[0076] The filter strength parameter calculating unit 1 ft detects the
changed portion of p(r), and determines a value of I((r), so that I((r) is
increased with the large change. The value of K(r), for example, can  



also be calculated by the same method as that of calculating T(r) by the
signal change detecting unit 2e of the speech decoding device 21. The
signal change may also be detected by using other more sophisticated
methods. The filter strength parameter calculating unit 111 may also  5
obtain short-term power of each of the low frequency components and the
high frequency components, obtain signal changes Tr(r) and Th(r) of each of
the low frequency components and the high frequency components using the
same method as that of calculating T(r) by the signal change detecting unit
2e of the speech decoding device 21, and  10 deteindne the value of K(r)
using these. In this case, for example, K(r) can be obtained according to
the following expression (13), where e is a constant such as 3.0.
K(r)=nnax(0, 6 (Th(r)-Tr(r))) ---(13) [0077] (Modification 2 of First
Embodiment) 15A speech encoding device (not illustrated) of a modification
2 of the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the CPU
integrally controls the speech encoding device of the modification 2 by
loading and executing a predetermined computer program stored in  20 a
built-in memory of the speech encoding device of the modification 2 such as
the ROM into the RAM. The communication device of the speech encoding
device of the modification 2 receives a speech signal to be encoded from
outside the speech encoding device, and outputs an encoded multiplexed bit
stream to the outside of the speech encoding 25device.  [0078] The speech
encoding device of the modification 2 functionally includes a linear
prediction coefficient differential encoding unit (temporal envelope
supplementary infoimation calculating means) and a bit stream multiplexing
unit (bit stream multiplexing means) that  5 receives an output from the
linear prediction coefficient differential encoding unit, which are not
illustrated, instead of the filter strength parameter calculating unit if
and the bit stream multiplexing unit lg of the speech encoding device 11.
The frequency transform unit la to the linear prediction analysis unit le,
the linear prediction coefficient  10 differential encoding unit, and the
bit stream multiplexing unit of the speech encoding device of the
modification 2 are Unctions realized when the CPU of the speech encoding
device of the modification 2 executes the computer program stored in the
built-in memory of the speech encoding device of the modification 2.
Various types of data  15 required to execute the computer program and
various types of data generated by executing the computer program are all
stored in the built-in memory such as the ROM and the RAM of the speech
encoding device of the modification 2. 



[0079] The linear prediction coefficient differential encoding unit  20
calculates differential values ap (n, r) of the linear prediction
coefficient according to the following expression (14), by using an (n, r)
of the input signal and aL (n, r) of the input signal.
ap(n,r)=a-1(n,r)-aL(n,r) (1n -SN) ---(14)     [0080] The linear prediction
coefficient differential encoding unit then 25quantizes an (n, r), and
transmits them to the bit stream multiplexing unit (structure corresponding
to the bit stream multiplexing unit 1g).  The bit stream multiplexing unit
multiplexes an (n, r) into the bit stream instead of K(r), and outputs the
multiplexed bit stream to outside the speech encoding device through the
built-in communication device. [0081] A speech decoding device (not
illustrated) of the modification 2  5 of the first embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech decoding
device of the modification 2 by loading and executing a predetermined
computer program stored in a built-in memory of the speech decoding device
of the modification 2  10 such as the ROM into the RAM. The communication
device of the speech decoding device of the modification 2 receives the
encoded multiplexed bit stream output from the speech encoding device 11,
the speech encoding device ha according to the modification 1, or the
speech encoding device according to the modification 2, and outputs a
15decoded speech signal to the outside of the speech decoding device.
[0082] The speech decoding device of the modification 2 functionally
includes a linear prediction coefficient differential decoding unit, which
is not illustrated, instead of the filter strength adjusting unit 2f of the
speech decoding device 21. The bit stream separating unit 2a to the  20
signal change detecting unit 2e, the linear prediction coefficient
differential decoding unit, and the higjh frequency generating unit 2g to
the frequency inverse transform unit 2n of the speech decoding device of
the modification 2 are functions realized when the CPU of the speech
decoding device of the modification 2 executes the computer program
25stored in the built-in memory of the speech decoding device of the 



modification 2. Various types of data required to execute the computer
program and various types of data generated by executing the computer
program are all stored in the built-in memory such as the ROM and the RAM
of the speech decoding device of the modification 2. [0083] The linear
prediction coeffibient differential decoding unit  5 obtains aad; (n, r)
differentially decoded according to the following expression (15), by using
at (n, r) obtained from the low frequency linear prediction analysis unit
2d and ap (n, r) received from the bit stream separating unit 2a.
aadi(n,r)=adec(nir)-Fao(n,r), 1 n N -(15) 10[0084] The linear prediction
coefficient differential decoding unit transmits aadi (n, r) differentially
decoded in this manner to the linear prediction filter unit 2k. ao (n, r)
may be a differential value in the domain of prediction coefficients as
illustrated in the expression (14). But, after converting prediction
coefficients to the other expression form  15 such as LSP (Linear Spectrum
Pair), ISP (Immittance Spectrum Pair), LSF (Linear Spectrum Frequency), ISF
(Immittance Spectrum Frequency), and PARCOR coefficient, art (n, r) may be
a value taking a difference of them. In this case, the differential
decoding also has the same expression form. 20[0085] (Second Embodiment)
FIG. 6 is a diagram illustrating a speech encoding device 12 according to a
second embodiment. The speech encoding device 12 physically includes a CPU,
a ROM, a RAM, a communication device, and the like, which are not
illustrated, and the CPU integrally controls 25the speech encoding device
12 by loading and executing a predetermined computer program (such as a
computer program for  



performing processes illustrated in the flowchart of FIG 7) stored in a
built-in memory of the speech encoding device 12 such as the ROM into the
RAM. The communication device of the speech encoding device 12 receives a
speecif signal to be encoded from outside the 5speech encoding device 12,
and outputs an encoded multiplexed bit stream to the outside of the speech
encoding device 12. [0086] The speech encoding device 12 functionally
includes a linear prediction coefficient decimation unit lj (prediction
coefficient decimation means), a linear prediction coefficient quantizing
unit lk  10 (prediction coefficient quantizing means), and a bit stream
multiplexing unit 1g2 (bit stream multiplexing means), instead of the
filter strength parameter calculating unit if and the bit stream
multiplexing unit lg of the speech encoding device 11. The frequency
transform unit la to the linear prediction analysis unit 1 e (linear
prediction analysis means), the  15 linear prediction coefficient
decimation unit 1j, the linear prediction coefficient quantizing unit lk,
and the bit stream multiplexing unit 1g2 of the speech encoding device 12
illustrated in FIG 6 are functions realized when the CPU of the speech
encoding device 12 executes the computer program stored in the built-in
memory of the speech encoding  20 device 12. The CPU of the speech encoding
device 12 sequentially executes processes (processes from Step Sal to Step
Sa5, and processes from Step Scl to Step 5c3) illustrated in the flowchart
of FIG. 7, by executing the computer program (or by using the frequency
transform unit 1 a to the linear prediction analysis unit le, the linear
prediction 25coefficient decimation unit 1j, the linear prediction
coefficient quantizing unit lk, and the bit stream multiplexing unit 1g2 of
the  speech encoding device 12 illustrated in FIG. 6). Various types of
data required to execute the computer program and various types of data
generated by executing the computer program are all stored in the built-in
memory such as the ROM and the RAM of the speech encoding 5device 12. 



[0087] The linear prediction coefficient decimation unit lj decimates aH
(n, r) obtained from the linear prediction analysis unit le in the temporal
direction, and transmits a value of aH (n, r) for a part of time slot r,
and a value of the corresponding 1-1, to the linear prediction coefficient
10 quantizing unit lk (process at Step Sc1). It is noted that 0.c.i<N1s,
and Nts is the number of time slots in a frame for which aH (n, r) is
transmitted. The decimation of the linear prediction coefficients may be
performed at a predetermined time interval, or may be performed at
nonuniform time interval based on the characteristics of all (n, r). For
15 example, a method is possible that compares GH(r) of aH (n, r) in a
frame having a certain length, and makes aH (n, r), of which GH(r) exceeds
a certain value, an object of quantization. If the decimation interval of
the linear prediction coefficients is a predetermined interval instead of
using the characteristics of aH (n, r), all (n, r) need not be calculated
for 20the time slot at which the transmission is not performed. [00881 The
linear prediction coefficient quantizing unit lk quantizes the decimated
high frequency linear prediction coefficients aH (n, r1) received from the
linear prediction coefficient decimation unit 1 j and indices ri of the
corresponding time slots, and transmits them to the bit 25stream
multiplexing unit 1g2 (process at Step Sc2). As an alternative structure,
instead of quantizing aH (n, r,), differential values alp (n, r1) of  the
linear prediction coefficients may be quantized as the speech encoding
device according to the modification 2 of the first embodiment [0089] The
bit stream multiplexing unit 1g2 multiplexes the encoded bit  5 stream
calculated by the core codec encoding unit lc, the SBR supplementary
information calculated by the SBR encoding unit ld, and indices {ri} of
time slots corresponding to ail (n, ri) being quantized and received from
the linear prediction coefficient quantizing unit 1k into a bit stream, and
outputs the multiplexed bit stream through the 10communication device of
the speech encoding device 12 (process at Step Sc3). [0090] FIG 8 is a
diagram illustrating a speech decoding device 22 



according to the second embodiment. The speech decoding device 22
physically includes a CPU, a ROM, a RAM, a communication device,  15 and
the like, which are not illustrated, and the CPU integrally controls the
speech decoding device 22 by loading and executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 9) stored in a built-in memory of the speech decoding
device 22 such as the ROM  20 into the RAM. The communication device of the
speech decoding device 22 receives the encoded multiplexed bit stream
output from the speech encoding device 12, and outputs a decoded speech
signal to outside the speech encoding device 12.     [0091] The speech
decoding device 22 functionally includes a bit 25stream separating unit 2a1
(bit stream separating means), a linear prediction coefficient
interpolation/extrapolation unit 2p (linear  prediction coefficient
interpolation/extrapolation means), and a linear prediction filter unit 2k1
(temporal envelope shaping means) instead of the bit stream separating unit
2a, the low frequency linear prediction analysis unit 2d, the signal change
detecting unit 2e, the filter strength  5 adjusting unit 2f, and the linear
prediction filter unit 2k of the speech decoding device 21. The bit stream
separating unit 2a1, the core codec decoding unit 2b, the frequency
transform unit 2c, the high frequency generating unit 2g to the high
frequency adjusting unit 2j, the linear prediction filter unit 2k1, the
coefficient adding unit 2m, the frequency  10 inverse transform unit 2n,
and the linear prediction coefficient interpolation/extrapolation unit 2p
of the speech decoding device 22 illustrated in FIG. 8 are functions
realized when the CPU of the speech encoding device 12 executes the
computer program stored in the built-in memory of the speech encoding
device 12. The CPU of the speech  15 decoding device 22 sequentially
executes the processes (processes from Step Sbl to Step 5d2, Step Sdl, from
Step Sb5 to Step Sb8, Step 5d2, and from Step Sb10 to Step Sbl 1)
illustrated in the flowchart of FIG. 9, by executing the computer program
(or by using the bit stream separating unit 2a1, the core codec decoding
unit 2b, the frequency  20 transform unit 2c, the high frequency generating
unit 2g to the high frequency adjusting unit 2j, the linear prediction
filter unit 2k1, the coefficient adding unit 2m, the frequency inverse
transform unit 2n, and the linear prediction coefficient
interpolation/extrapolation unit 2p illustrated in FIG 8). Various types of
data required to execute the 25computer program and various types of data
generated by executing the 



computer program are all stored in the built-in memory such as the  ROM and
the RAM of the speech decoding device 22. [0092] The speech decoding device
22 includes the bit stream separatingunit2a1,thelinearpredictioncoefficient
interpolation/extrapolation unit 2p, and the linear prediction filter unit
5 2k1, instead of the bit stream separating unit 2a, the low frequency
linear prediction analysis unit 2d, the signal change detecting unit 2e,
the filter strength adjusting unit 2f, and the linear prediction filter
unit 2k of the speech decoding device 22. [0093] The bit stream separating
unit 2a1 separates the multiplexed bit 10stream supplied through the
communication device of the speech decoding device 22 into the indices ri
of the time slots corresponding to   (n, 11) being quantized, the SBR
supplementary information, and the encoded bit stream. [0094] The linear
prediction coefficient interpolation/extrapolation unit  15 2p receives the
indices ri of the time slots corresponding to an (n, ri) being quantized
from the bit stream separating unit 2a1, and obtains an (n, r)
corresponding to the time slots of which the linear prediction coefficients
are not transmitted, by interpolation or extrapolation (processes at Step
Sdl). The linear prediction coefficient 20interpolation/extrapolation unit
2p can extrapolate the linear prediction 



coefficients, for example, according to the following expression (16). r-ro
a H(n,r)=laH(n,rio)( _n_N)           where r10 is the nearest value to r in
the time slots {r,} of which the linear prediction coefficients are
transmitted. 5 is a constant that 25satisfies 04<1.  [0095] The linear
prediction coefficient interpolation/extrapolation unit 2p can interpolate
the linear prediction coefficients, for example, according to the following
expression (17), where n3<r<ri0+1 is satisfied. riotirr -rth -
all(n,r)=all(n,rp+ a11(1,r10+1) CotiC0+1 Co 5---(17) [0096] The linear
prediction coefficient interpolation/extrapolation unit 2p may convert the
linear prediction coefficients into other expression forms such as LSP
(Linear Spectrum Pair), ISP (Immittance Spectrum Pair), LSE (Linear
Spectrum Frequency), ISF (Inamittance Spectrum  10 Frequency), and PARCOR
coefficient, interpolate or extrapolate them, and convert the obtained
values into the linear prediction coefficients to be used. an (n, r) being
interpolated or extrapolated are transmitted to the linear prediction
filter unit 2k1 and used as linear prediction coefficients for the linear
prediction synthesis filtering, but may also be  15 used as linear
prediction coefficients in the linear prediction inverse filter unit 2i. If
at) (n, ri) is multiplexed into a bit stream instead of am (n, r), the
linear prediction coefficient interpolation/extrapolation unit 2p performs
the differential decoding similar to that of the speech decoding device
according to the modification 2 of the fu-st embodiment, before 



20performing the interpolation or extrapolation process described above.
[0097} The linear prediction filter unit 2k1 performs linear prediction
synthesis filtering in the frequency direction on gag; (n, r) output from
the high frequency adjusting unit 2j, by using all(n, r) being interpolated
or extrapolated obtained from the linear prediction coefficient
25interpolation/extrapolation unit 2p (process at Step Sd2). A transfer
function of the linear prediction filter unit 2k1 can be expressed as the
following expression (18). The linear prediction filter unit 2k1 shapes the
temporal envelope of the high frequency components generated by the SBR by
performing linear prediction synthesis filtering, as the linear 5prediction
filter unit 2k of the speech decoding device 21. 1 1EaH(n,r)z-12 4=1 [0098]
(Third Embodiment)       FIG 10 is a diagram illustrating a speech encoding
device 13 according to a third embodiment. The speech encoding device 13 10
physically includes a CPU, a ROM, a RAM, a communication device, and the
like, which are not illustrated, and the CPU integrally controls the speech
encoding device 13 by loading and executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 11) stored in a 15 built-in memory of the speech
encoding device 13 such as the ROM into the RAM. The communication device
of the speech encoding device 13 receives a speech signal to be encoded
from outside the speech encoding device 13, and outputs an encoded
multiplexed bit stream to the outside of the speech encoding device 13.
20[0099] The speech encoding device 13 functionally includes a temporal 



envelope calculating unit lm (temporal envelope supplementary information
calculating means), an envelope shape parameter calculating unit in
(temporal envelope supplementary information calculating means), and a bit
stream multiplexing unit 1g3 (bit stream  multiplexing means), instead of
the linear prediction analysis unit le, the filter strength parameter
calculating unit lf, and the bit stream multiplexing unit lg of the speech
encoding device 11. The frequency transform unit la to the SBR encoding
unit id, the temporal envelope  5 calculating unit lm, the envelope shape
parameter calculating unit in, and the bit stream multiplexing unit 1g3 of
the speech encoding device 13 illustrated in FIG 10 are functions realized
when the CPU of the speech encoding device 12 executes the computer program
stored in the built-in memory of the speech encoding device 12. The CPU of
the  10 speech encoding device 13 sequentially executes processes
(processes from Step Sal to Step Sa 4 and from Step Sel to Step 5e3)
illustrated in the flowchart of FIG 11, by executing the computer program
(or by using the frequency transform unit la to the SBR encoding unit id,
the temporal envelope calculating unit lm, the envelope shape parameter  15
calculating unit ln, and the bit stream multiplexing unit 1g3 of the speech
encoding device 13 illustrated in FIG. 10). Various types of data required
to execute the computer program and various types of data generated by
executing the computer program are all stored in the built-in memory such
as the ROM and the RAM of the speech encoding 20device 13. [0100] The
temporal envelope calculating unit lm receives q (k, r), and for example,
obtains temporal envelope information e(r) of the high frequency components
of a signal, by obtaining the power of each time slot of q (k, r) (process
at Step Sel). In this case, e(r) is obtained 25according to the following
expression (19).  e(r)=lq(k,r) k kx [0101] The envelope shape parameter
calculating unit in receives e(r) from the temporal envelope calculating
unit lm and receives SBR 



envelope time borders {131} from the SBR encoding unit Id. It is noted  5
that 0..i.Ne, and Ne is the number of SBR envelopes in the encoded frame.
The envelope shape parameter calculating unit In obtains an envelope shape
parameter s(i) (04e-Ne) of each of the SBR envelopes in the encoded frame
according to the following expression (20) (process at Step Se2). The
envelope shape parameter s(i) corresponds 10to the temporal envelope
supplementary information, and is similar in the third embodiment.  (e(i)-
e(r))2-(20) It is noted that:   b,", -1 e(r) ---(21 e0) r=bi) b 1+1 - 



15where s(i) in the above expression is a parameter indicating the
magnitude of the variation of e(r) in the i-th SBR envelope satisfying
b$r<b,,i, and e(r) has a larger number as the variation of the temporal
envelope is increased. The expressions (20) and (21) described above are
examples of method for calculating s(i), and for example, s(i) may 20also
be obtained by using, for example, SMIF (Spectral Flatness  Measure) of
e(r), a ratio of the maximum value to the minimum value, and the like. s(i)
is then quantized, and transmitted to the bit stream multiplexing unit 1g3.
[0102] The bit stream multiplexing unit 1g3 multiplexes the encoded bit  5
stream calculated by the core codec encoding unit lc, the SBR supplementary
information calculated by the SBR encoding unit id, and s(i) into a bit
stream, and outputs the multiplexed bit stream through the communication
device of the speech encoding device 13 (process at Step Se3). 10[0103]
FIG. 12 is a diagram illustrating a speech decoding device 23 according to
the third embodiment. The speech decoding device 23 physically includes a
CPU, a ROM, a RAM, a communication device, and the like, which are not
illustrated, and the CPU integrally controls the speech decoding device 23
by loading and executing a  15 predetermined computer program (such as a
computer program for performing processes illustrated in the flowchart of
FIG. 13) stored in a built-in memory of the speech decoding device 23 such
as the ROM into the RAM. The communication device of the speech decoding
device 23 receives the encoded multiplexed bit stream output from the
20speech encoding device 13, and outputs a decoded speech signal to outside
the speech decoding device 13. [0104] The speech decoding device 23
functionally includes a bit stream separating unit 2a2 (bit stream
separating means), a low 



frequency temporal envelope calculating unit 2r (low frequency 25temporal
envelope analysis means), an envelope shape adjusting unit 2s (temporal
envelope adjusting means), a high frequency temporal  envelope calculating
unit 2t, a temporal envelope flattening unit 2u, and a temporal envelope
shaping unit 2v (temporal envelope shaping means), instead of the bit
stream separating unit 2a, the low frequency linear prediction analysis
unit 2d, the signal change detecting unit 2e, the filter  5 strength
adjusting unit 2f, the high frequency linear prediction analysis unit 21),
the linear prediction inverse filter unit 2i, and the linear prediction
filter unit 2k of the speech decoding device 21. The bit stream separating
unit 2a2, the core codec decoding unit 2b to the frequency transform unit
2c, the high frequency generating unit 2g, the  10 high frequency adjusting
unit 2j, the coefficient adding unit 2m, the frequency inverse transform
unit 2n, and the low frequency temporal envelope calculating unit 2r to the
temporal envelope shaping unit 2v of the speech decoding device 23
illustrated in FIG. 12 are functions realized when the CPU of the speech
encoding device 12 executes the  15 computer program stored in the built-in
memory of the speech encoding device 12. The CPU of the speech decoding
device 23 sequentially executes processes (processes from Step Sbl to Step
Sb2, from Step Sfl to Step Sf2, Step Sb5, from Step Sf3 to Step Sf4, Step
5b8, Step Sf5, and from StepSbl 0 to Step Sbll) illustrated in the
flowchart of FIG. 13,  20 by executing the computer program (or by using
the bit stream separating unit 2a2, the core codec decoding unit 2b to the
frequency transfanu unit 2c, the high frequency generating unit 2g, the
high frequency adjusting unit 2j, the coefficient adding unit 2m, the
frequency inverse transform unit 2n, and the low frequency temporal
25envelope calculating unit 2r to the temporal envelope shaping unit 2v of
the speech decoding device 23 illustrated in FIG 12). Various types of
data required to execute the computer program and various types of data
generated by executing the computer program are all stored in the built-in
memory such as the ROM and the RAM of the speech decoding device 23.
5[0105] The bit stream separating unit 2a2 separates the multiplexed bit 



stream supplied through the communication device of the speech decoding
device 23 into s(i), the SBR supplementary information, and the encoded bit
stream. The low frequency temporal envelope calculating unit 2r receives
claw (k, r) including the low frequency 10components from the frequency
transform unit 2c, and obtains e(r) according to the following expression
(22) (process at Step Sfl). 63 e(r)Idec (7c, 012---(22) k=0 [0106] The
envelope shape adjusting unit 2s adjusts e(r) by using s(i), and obtains
the adjusted temporal envelope information e(r) (process 15at Step Sf2).
e(r) can be adjusted, for example, according to the following expressions
(23) to (25). eadj (r) = e(i)+ s(i)-v(i)  kr) - e(0) (s(0>v(0) eadj(r)=
e(r)(otherwise) It is noted that:  [0107] The expressions (23) to (25)
described above are examples of adjusting method, and the other adjusting
method by which the shape of eadi(r) becomes similar to the shape
illustrated by s(i) may also be used. 



5 [0108] The high frequency temporal envelope calculating unit 2t
calculates a temporal envelope eexp(r) by using qap (k, r) obtained from
the high frequency generating unit 2g, according to the following
expression (26) (process at Step Sf3)    10[0109] The temporal envelope
flattening unit 2u flattens the temporal envelope of gexp (k, r) obtained
from the high frequency generating unit 2g according to the following
expression (27), and transmits the obtained signal gnat (k, r) in the QMF
domain to the high frequency adjusting unit 2] (process at Step Sf4).
[0110] The flattening of the temporal envelope by the temporal envelope
flattening unit 2u may also be omitted. Instead of calculating the temporal
envelope of the high frequency components of the output from the high
frequency generating unit 2g and flattening the temporal 20envelope
thereof, the temporal envelope of the high frequency components of an
output from the high frequency adjusting unit 2] may  be calculated, and
the temporal envelope thereof may be flattened. The temporal envelope used
in the temporal envelope flattening unit 2u may also be eadj(r) obtained
from the envelope shape adjusting unit 2s, instead of eaap(r) obtained from
the high frequency temporal envelope 



5calculating unit 2t. [0111] The temporal envelope shaping unit 2v shapes
qadj (k, r) obtained from the high frequency adjusting unit 2j by using
e(r) obtained from the temporal envelope shaping unit 2v, and obtains a
signal CI -Jenvadj (k, r) in the QMF domain in which the temporal envelope
is shaped (process  10 at Step Sf5). The shaping is performed according to
the following expression (28). clenvadi (k, r) is transmitted to the
coefficient adding unit 2m as a signal in the QMF domain corresponding to
the high frequency components. envadj(1 C r)= adj(k,r) eadf(r)(i,Aler.5.63)
---(28) 15[0112] (Fourth Embodiment)      FIG 14 is a diagram illustrating
a speech decoding device 24 according to a fourth embodiment. The speech
decoding device 24 physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the CPU integrally
controls  20 the speech decoding device 24 by loading and executing a
predetermined computer program stored in a built-in memory of the speech
decoding device 24 such as the ROM into the RAM. The communication device
of the speech decoding device 24 receives the encoded multiplexed bit
stream output from the speech encoding device 2511 or the speech encoding
device 13, and outputs a decoded speech  > signal to outside of the speech
decoding device 24. [0113] The speech decoding device 23 functionally
includes the structure of the speech decoding device 21 (the core codec
decoding unit 2b, the frequency transform- unit 2c, the low frequency
linear. 



5 prediction analysis unit 2d, the signal change detecting unit 2e, the
filter strength adjusting unit 2f, the high frequency generating unit 2g,
the high frequency linear prediction analysis unit 2h, the linear
prediction inverse filter unit 2i, the high frequency adjusting unit 2j,
the linear prediction filter unit 2k, the coefficient adding unit 2m, and
the  10 frequency inverse transform unit 2n) and the structure of the
speech decoding device 24 (the low frequency temporal envelope calculating
unit 2r, the envelope shape adjusting unit 2s, and the temporal envelope
shaping unit 2v). The speech decoding device 24 also includes a bit stream
separating unit 2a3 (bit stream separating means) and a  15 supplementary
information conversion unit 2w. The order of the linear prediction filter
unit 2k and the temporal envelope shaping unit 2v may be opposite to that
illustrated in FIG 14. The speech decoding device 24 preferably receives
the bit stream encoded by the speech encoding device 11 or the speech
encoding device 13. The structure of the  20 speech decoding device 24
illustrated in FIG 14 is a function realized when the CPU of the speech
decoding device 24 executes the computer program stored in the built-in
memory of the speech decoding device 24. Various types of data required to
execute the computer program and various types of data generated by
executing the computer program are 25all stored in the built-in memory such
as the ROM and the RAM of the speech decoding device 24.  [0114] The bit
stream separating unit 2a3 separates the multiplexed bit stream supplied
through the communication device of the speech decoding device 24 into the
temporal envelope supplementary infonnation, the SBR supplementary
information, and the encoded bit  5 stream. The temporal envelope
supplementary information may also be K(r) described in the first
embodiment or s(i) described in the third embodiment. The temporal envelope
supplementary information may also be another parameter X(r) that is
neither K(r) nor s(i). [0115] The supplementary information conversion unit
2w converts the  10 supplied temporal envelope supplementary information to
obtain K(r) and s(i). If the temporal envelope supplementary information is
K(r), the supplementary information conversion unit 2w converts K(r) into
s(i). The supplementary information conversion unit 2w may also obtain, for
example, an average value of K(r) in a section of bSr<bi+i 15K (i) and
convert the average value represented in the expression (29) into s(i) by
using a predetermined table. If the temporal envelope supplementary
information is s(i), the supplementary information conversion unit 2w
converts s(i) into K(r). The supplementary  20 information conversion unit
2w may also perfonn the conversion by converting s(i) into K(r), for
example, by using a predetermined table. It is noted that i and r are
associated with each other so as to satisfy the relationship of biLcr<bi,i.



[0116] If the temporal envelope supplementary information is a 25parameter
X(r) that is neither s(i) nor K(r), the supplementary  information
conversion unit 2w converts X(r) into K(r) and s(i). It is preferable that
the supplementary information conversion unit 2w converts X(r) into K(r)
and s(i), for example, by using a predetermined table. It -is also
preferable that the supplementary information  5 conversion unit 2w
transmits X(r) as a representative value every SBR envelope. The tables for
converting X(r) into K(r) and s(i) may be different from each other. [0117]
(Modification 3 of First Embodiment) In the speech decoding device 21 of
the first embodiment, the  10 linear prediction filter unit 2k of the
speech decoding device 21 may include an automatic gain control process.
The automatic gain control process is a process to adjust the power of the
signal in the QlVIF domain output from the linear prediction filter unit 2k
to the power of the signal in the QIVIF domain being supplied. In general,
a signal 15cisypow (n, r) in the QMF domain whose gain has been controlled
is realized by the following expression.  qsyn,pow(nlr) -= qsyn(n,r)
Po(r)430) PIO 



Here, Po(r) and PL(r) are expressed by the following expression (31) and
the expression (32). 63 2 20Po (r)q "4 (n,r)---(31) n=la  n=kx      By
carrying out the automatic gain control process, the power of the high
frequency components of the signal output from the linear prediction filter
unit 2k is adjusted to a value equivalent to that before  5 the linear
prediction filtering. As a result, for the output signal of the linear
prediction filter unit 2k in which the temporal envelope of the high
frequency components generated based on SBR is shaped, the effect of
adjusting the power of the high frequency signal performed by the high
frequency adjusting unit 2j can be maintained. The automatic  10 gain
control process can also be performed individually on a certain frequency
range of the signal in the WEE domain. The process performed on the
individual frequency range can be realized by limiting n in the expression
(30), the expression (31), and the expression (32) within a certain
frequency range. For example, i-th frequency range  15 can be expressed as
FiSn<Fi+i (in this case, i is an index indicating the number of a certain
frequency range of the signal in the QMP domain). F1 indicates the
frequency range boundary, and it is preferable that Fi be a frequency
boundary table of an envelope scale factor defined in SBR in "MPEG4 AAC".
The frequency boundary table is defined by the  20 high frequency
generating unit 2g based on the definition of SBR in "MPEG4 AAC". By
performing the automatic gain control process, the power of the output
signal from the linear prediction filter unit 2k in a certain frequency
range of the high frequency components is adjusted to a value equivalent to
that before the linear prediction filtering. As a  



result, the effect for adjusting the power of the high frequency signal
performed by the high frequency adjusting unit 2] on the output signal from
the linear prediction filter unit 2k in which the temporal envelope of the
high frequency components generated based on SBR is shaped, is  5
maintained per unit of frequency range. The changes made to the present
modification 3 of the first embodiment may also be made to the linear
prediction filter unit 2k of the fourth embodiment. [0118] [Modification 1
of Third Embodiment] The envelope shape parameter calculating unit in in
the speech  10 encoding device 13 of the third embodiment can also be
realized by the following process. The envelope shape parameter calculating
unit in obtains an envelope shape parameter s(i) (0.i<Ne) according to the
following expression (33) for each SBR envelope in the encoded frame. .
e(r) s(i) =1- min(_ ) e(i) ---(33) 15It is noted that:     



e(i)---(34) is an average value of e(r) in the SBR envelope, and the
calculation method is based on the expression (21). It is noted that the
SBR envelope indicates the time segment satisfying bi..r<bii. {b1} are the
20 time borders of the SBR envelopes included in the SBR supplementary
information as information, and are the boundaries of the time segment for
which the SBR envelope scale factor representing the average signal energy
in a certain time segment and a certain frequency range is given.  min 0
represents the minimum value within the range of b,&<bi,i. Accordingly, in
this case, the envelope shape parameter s(i) is a parameter for indicating
a ratio of the minimum value to the average value of the adjusted temporal
envelope information in the SBR 5 envelope. The envelope shape adjusting
unit 2s in the speech decoding device 23 of the third embodiment may also
be realized by the following process. The envelope shape adjusting unit 2s
adjusts e(r) by using s(i) to obtain the adjusted temporal envelope
information eadj(r). The adjusting method is based on the following
expression (35) or 10expression (36).  



---(35) ---(36)   1 +ie(r) - e(0)  e ad] (r) = e(i)      



s (i) e(i) - nu-n(e(r))    1+ s(i)(e(r)-  eadj(r)=e(i)    e(i)   



The expression 35 adjusts the envelope shape so that the ratio of the
minimum value to the average value of the adjusted temporal 15  envelope
information ea(r) in the SBR envelope becomes equivalent to the value of
the envelope shape parameter s(i). The changes made to the modification 1
of the third embodiment described above may also be made to the fourth
embodiment [0119] -Modification 2 of Third Embodiment] 20The temporal
envelope shaping unit 2v may also use the following expression instead of
the expression (28). As indicated in the expression (37), ea, scaled(r) is
obtained by controlling the gain of the  adjusted temporal envelope
information eat(r), so that the power of qeR"di (k,r) maintains that of qat
(k, r) within the SBR envelope. As indicated in the expression (38), in the
present modification 2 of the third embodiment, a -senvadj (k, r) is
obtained by multiplying the signal qat  5 (k, r) in the QMP domain by eat,
scated(r) instead of eat(r). Accordingly, the temporal envelope shaping
unit 2v can shape the temporal envelope of the signal qat (k, r) in the QMF
domain, so that the signal power within the SBR envelope becomes equivalent
before and after the shaping of the temporal envelope. It is noted that the
SBR envelope  10 indicates the time segment satisfying {130 are the time
borders of the SBR envelopes included in the SBR supplementary information
as information, and are the boundaries of the time segment for which the
SBR envelope scale factor representing the average signal energy of a
certain time segment and a certain frequency range is given.  15 The
terminology "SBR envelope" in the embodiments of the present invention
corresponds to the terminology "SBR envelope time segment" in "MPEG4 AAC"
defmed in "ISO/LE,C 14496-3", and the "SBR envelope" has the same contents
as the "SBR envelope time segment" throughout the embodiments.   



envadj(k3r)=- q ad; (k, r)  eadj,scaled(r) ---(38) (k _k 63,k r < k+i)
The changes made to the present modification 2 of the third embodiment
described above may also be made to the fourth embodiment. 5[0120]
(Modification 3 of Third Embodiment) The expression (19) may also be the
following expression (39). e(r) =--  63 - bDE lq(k ,r)I2 k = 0 



---(39)   b1-1 63 E E Eq(k,r)12   r=b; k= 0 The expression (22) may also be
the following expression (40). 63 i+114 dec,r)12 k = 0 b,1-1 163 



EE iq dec rb1 k =- 0 10The expression (26) may also be the following
expression (41). eexp (r)= 6312 i- b1)lq exp (k , r )1 k=kx  b + - 1 63
EEexp (k, r=b; k=kr  ---(41) When the expression (39) and the expression
(40) are used, the  



temporal envelope information e(r) is information in which the power of
each Q1VIF subband sample is normalized by the average power in the SBR
envelope, and the square root is extracted. However, the QMF subband sample
is a signal vector corresponding to the time index "r" in.  5 the QMF
domain signal, and is one subsample in the QMF domain. In all the
embodiments of the present invention, the terminology "time slot" has the
same contents as the "QMF subband sample". In this case, the temporal
envelope information e(r) is a gain coefficient that should be multiplied
by each QMF subband sample, and the same applies to the 10adjusted temporal
envelope information eadj(r). [0121] (Modification 1 of Fourth Embodiment)
A speech decoding device 24a (not illustrated) of a modification 1 of the
fourth embodiment physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the  15 CPU integrally
controls the speech decoding device 24a by loading and executing a
predetermined computer program stored in a built-in memory of the speech
decoding device 24a such as the ROM into the RAM. The communication device
of the speech decoding device 24a receives the encoded multiplexed bit
stream output from the speech  20 encoding device 11 or the speech encoding
device 13, and outputs a decoded speech signal to outside the speech
decoding device 24a. The speech decoding device 24a functionally includes a
bit stream separating unit 2a4 (not illustrated) instead of the bit stream
separating unit 2a3 of the speech decoding device 24, and also includes a
temporal 25envelope supplementary information generating unit 2y (not
illustrated), instead of the supplementary information conversion unit 2w.
The bit  stream separating unit 2a4 separates the multiplexed bit stream
into the SBR information and the encoded bit stream. The temporal envelope
supplementary information generating unit 2y generates temporal envelope
supplementary information based on the information included 5in the encoded
bit stream and the SBR supplementary information. [0122] To generate the
temporal envelope supplementary information in a certain SBR envelope, for
example, the time width (171,1-bi) of the SBR envelope, a frame class, a
strength parameter of the inverse filter, a noise floor, the amplitude of
the high frequency power, a ratio of the  10 high frequency power to the
low frequency power, a autocorrelation coefficient or a prediction gain of
a result of performing linear prediction analysis in the frequency
direction on a low frequency signal represented in the QMF domain, and the
like may be used. The temporal envelope supplementary information can be
generated by 



15 determining K(r) or s(i) based on one or a plurality of values of the
parameters. For example, the temporal envelope supplementary information
can be generated by determining K(r) or s(i) based on (b,1-b,) so that K(r)
or s(i) is reduced as the time width (171,1-171) of the SBR envelope is
increased, or K(r) or s(i) is increased as the time width 20(bisi-b,) of
the SBR envelope is increased. The similar changes may also be made to the
first embodiment and the third embodiment. [0123] (Modification 2 of Fourth
Embodiment)       A speech decoding device 24b (see FIG 15) of a
modification 2 of the fourth embodiment physically includes a CPU, a ROM, a
RAM, a 95communication device, and the like, which are not illustrated, and
the CPU integrally controls the speech decoding device 24b by loading and
executing a predetermined computer program stored in a built-in memory of
the speech decoding device 24b such as the ROM into the RAM. The
communication device of the speech decoding device 24b receives the
encoded- multiplexed bit stream output from the speech  5 encoding device
11 or the speech encoding device 13, and outputs a decoded speech signal to
outside the speech decoding device 24b. The speech decoding device 24b, as
illustrated in FIG. 15, includes a primary high frequency adjusting unit
2j1 and a secondary high frequency adjusting unit 2j2 instead of the high
frequency adjusting unit 2j.  10 [0124] Here, the primary high frequency
adjusting unit 2j1 adjusts a signal in the QMF domain of the high frequency
band by performing linear prediction inverse filtering in the temporal
direction, the gain adjustment, and noise addition, described in The "I-1F
generation" step and the "I-1F adjustment" step in SBR in  15 "lVfl)EG4
AAC". At this time, the output signal of the primary high frequency
adjusting unit 2j1 corresponds to a signal w9 in the description in "SBR
tool" in "ISO/LEC 14496-3:2005", clauses 4.6.18.7.6 of "Assembling HF
signals". The linear prediction filter unit 2k (or the linear prediction
filter unit 2k1) and the temporal  20 envelope shaping unit 2v shape the
temporal envelope of the output signal from the primary high frequency
adjusting unit. The secondary high frequency adjusting unit 2j2 performs an
addition process of sinusoids in the "HF adjustment" step in SBR in "MPEG4
AAC". The process of the secondary high frequency adjusting unit
corresponds to a 25process of generating a signal Y from the signal W2 in
the description in 



"SBR tool" in "ISO/LEC 14496-3:2005", clauses 4.6.18.7.6 of  "Assembling HE
signals", in which the signal AAL7 is replaced with an output signal of the
temporal envelope shaping unit 2v. [0125] In the above description, only
the process for adding sinusoids is performed by the secondaw high
frequency adjusting unit 2j2,  5 However, any one of the processes in the
"HE adjustment" step may be performed by the secondary high frequency
adjusting unit 2j2. Similar modifications may also be made to the first
embodiment, the second embodiment, and the third embodiment. In these
cases, the linear prediction filter unit (linear prediction filter units 2k
and 2k1) is  10 included in the first embodiment and the second embodiment,
but the temporal envelope shaping unit is not included. Accordingly, an
output signal from the primary high frequency adjusting unit 2j1 is
processed by the linear prediction filter unit, and then an output signal
from the linear prediction filter unit is processed by the secondary high
15frequency adjusting unit 2j2.  [0126] In the third embodiment, the
temporal envelope shaping unit 2v is included but the linear prediction
filter unit is not included. Accordingly, an output signal from the primly
high frequency adjusting unit 2j1 is processed by the temporal envelope
shaping unit 2v, 20and then an output signal from the temporal envelope
shaping unit 2v is processed by the secondary high frequency adjusting
unit. [0127] In the speech decoding device (speech decoding device 24, 24a,
or 24b) of the fourth embodiment, the processing order of the linear
prediction filter unit 2k and the temporal envelope shaping unit 2v may
25be reversed. In other words, an output signal from the high frequency 



adjusting unit 2j or the primary high frequency adjusting unit 2j1 may  be
processed first by the temporal envelope shaping unit 2v, and then an
output signal from the temporal envelope shaping unit 2v may be processed
by the linear prediction filter unit 2k. [0128] In -addition, only if the
temporal envelope supplementary  5 information includes binary control
information for indicating whether the process is performed by the linear
prediction filter unit 2k or the temporal envelope shaping unit 2v, and the
control information indicates to perform the process by the linear
prediction filter unit 2k or the temporal envelope shaping unit 2v, the
temporal envelope  10 supplementary information may employ a form that
further includes at least one of the filer strength parameter K(r), the
envelope shape parameter s(i), or X(r) that is a parameter for determining
both K(r) and s(i) as information. [0129j (Modification 3 of Fourth
Embodiment) 15A speech decoding device 24c (see FIG 16) of a modification 3
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the CPU
integrally controls the speech decoding device 24c by loading and executing
a predetermined computer program (such as a computer  20 program for
performing processes illustrated in the flowchart of FIG 17) stored in a
built-in memory of the speech decoding device 24c such as the ROM into the
RAM. The communication device of the speech decoding device 24c receives
the encoded multiplexed bit stream and outputs a decoded speech signal to
outside the speech decoding device 2524c. As illustrated in FIG 16, the
speech decoding device 24c includes a primary high frequency adjusting unit
2j3 and a secondary  high frequency adjusting unit 2j4 instead of the high
frequency adjusting unit 2j, and also includes individual signal component
adjusting units 2z1, 2z2, and 2z3 instead of the linear prediction filter
unit 2k and the temporal- envelope shaping unit 2v (individual signal 



5component adjusting units correspond to the temporal envelope shaping
means). [0130] The primary high frequency adjusting unit 2j3 outputs a
signal in the QMF domain of the high frequency band as a copy signal
component. The primary high frequency adjusting unit 2j3 may output  10 a
signal on which at least one of the linear prediction inverse filtering in
the temporal direction and the gain adjustment (frequency characteristics
adjustment) is performed on the signal in the QMF domain of the high
frequency band, by using the SBR supplementary information received from
the bit stream separating unit 2a3, as a copy  15 signal component. The
primary high frequency adjusting unit 2j3 also generates a noise signal
component and a sinusoid signal component by using the SBR supplementary
information supplied from the bit stream separating unit 2a3, and outputs
each of the copy signal component, the noise signal component, and the
sinusoid signal component separately  20 (process at Step Sgl). The noise
signal component and the sinusoid signal component may not be generated,
depending on the contents of the SBR supplementary information. [0131] The
individual signal component adjusting units 2z1, 2z2, and 2z3 perform
processing on each of the plurality of signal components 25included in the
output from the primary high frequency adjusting means (process at Step
Sg2). The process with the individual signal  component adjusting units
2z1, 2z2, and 2z3 may be linear prediction synthesis filtering in the
frequency direction obtained from the filter strength adjusting unit 2f by
using the linear prediction coefficients, similar to that of the linear
prediction filter unit 2k (process 1). The 



5 process with the individual signal component adjusting units 2z1, 2z2,
and 2z3 may also be a process of multiplying each QMF subband sample by a
gain coefficient by using the temporal envelope obtained from the envelope
shape adjusting unit 2s, similar to that of the temporal envelope shaping
unit 2v (process 2). The process with the  10 individual signal component
adjusting units 2z1, 2z2, and 2z3 may also be a process of pefforming
linear prediction synthesis filtering in the frequency direction on the
input signal by using the linear prediction coefficients obtained from the
filter strength adjusting unit 2f similar to that of the linear prediction
filter unit 2k, and then multiplying each  15 QMF subband sample by a gain
coefficient by using the temporal envelope obtained from the envelope shape
adjusting unit 2s, similar to that of the temporal envelope shaping unit 2v
(process 3). The process with the individual signal component adjusting
units 2z1, 2z2, and 2z3 may also be a process of multiplying each QMF
subband sample with  20 respect to the input signal by a gain coefficient
by using the temporal envelope obtained from the envelope shape adjusting
unit 2s, similar to that of the temporal envelope shaping unit 2v, and then
performing linear prediction synthesis filtering in the frequency direction
on the output signal by using the linear prediction coefficients obtained
from 25the filter strength adjusting unit 2f, similar to that of the linear
prediction filter unit 2k (process 4). The individual signal component
adjusting units 2z1, 2z2, and 2z3 may not perform the temporal envelope
shaping process on the input signal, but may output the input signal as it
is (process 5). The process with the individual signal component adjusting
units 2z1, 2z2, and 2z3 may include any process  5 for shaping the temporal
envelope of the input signal by using a method other than the processes 1
to 5 (process 6). The process with the individual signal component
adjusting units 2z1, 2z2, and 2z3 may also be a process in which a
plurality of processes among the processes 1 to 6 are combined in an
arbitrary order (process 7). 10[0132] The processes with the individual
signal component adjusting units 2z1, 2z2, and 2z3 may be the same, but the
individual signal component adjusting units 2z1, 2z2, and 2z3 may shape the
temporal envelope of each of the plurality of signal components included in
the output of the primary high frequency adjusting means by different  15
methods. For example, different processes may be performed on the copy
signal, the noise signal, and the sinusoid signal, in such a mariner that
the individual signal component adjusting unit 2z1 performs the process 2
on the supplied copy signal, the individual signal component adjusting unit
2z2 performs the process 3 on the supplied noise signal  20 component, and
the individual signal component adjusting unit 2z3 performs the process 5
on the supplied sinusoid signal. In this case, the filter strength
adjusting unit 2f and the envelope shape adjusting unit 2s may transmit the
same linear prediction coefficients and the temporal envelopes to the
individual signal component adjusting units 2z1, 2z2, 25and 2z3, but may
also transmit different linear prediction coefficients 



and the temporal envelopes. It is also possible to transmit the same
linear prediction coefficients and the temporal envelopes to at least two
of the individual signal component adjusting units 2z1, 2z2, and 2z3.
Because at least one of the individual signal component adjusting units
2z1, 2z2, and. 2z3 may not perform the temporal envelope shaping .  5
process but output the input signal as it is (process 5), the individual
signal component adjusting units 2z1, 2z2, and 2z3 perform the temporal
envelope process on at least one of the plurality of signal components
output from the primary high frequency adjusting unit 2j3 as a whole (if
all the individual signal component adjusting units 2z1,  10 2z2, and 2z3
perform the process 5, the temporal envelope shaping process is not
performed on any of the signal components, and the effects of the present
invention are not exhibited). [0133] The processes performed by each of the
individual signal component adjusting units 2z1, 2z2, and 2z3 may be fixed
to one of the  15 process 1 to the process 7, but may be dynamically
determined to perform one of the process 1 to the process 7 based on the
control information received from outside the speech decoding device 24c.
At this time, it is preferable that the control information is included in
the multiplexed bit stream. The control information may be an instruction
20 to perform any one of the process 1 to the process 7 in a specific SBR
envelope time segment, the encoded frame, or in the other time segment, or
may be an instruction to perform any one of the process 1 to the process 7
without specifying the time segment of control.     [0134] The secondary
high frequency adjusting unit 2j4 adds the 25processed signal components
output from the individual signal component adjusting units 2z1, 2z2, and
2z3, and outputs the result to  the coefficient adding unit (process at
Step 5g3). The secondary high frequency adjusting unit 2j4 may perform at
least one of the linear prediction inverse filtering in the temporal
direction and gain adjustment (frequency characteristics adjusiment) on the
dopy signal 



5component, by using the SBR supplementary information received from the
bit stream separating unit 2a3. [0135] The individual signal component
adjusting units 2z1, 2z2, and 2z3 may operate in cooperation with one
another, and generate an output signal at an intermediate stage by adding
at least two signal  10 components on which any one of the processes 1 to 7
is performed, and further performing any one of the processes 1 to 7 on the
added signal. At this time, the secondary high frequency adjusting unit 2j4
adds the output signal at the intermediate stage and a signal component
that has not yet been added to the output signal at the intermediate stage,
and  15 outputs the result to the coefficient adding unit. More
specifically, it is preferable to generate an output signal at the
intermediate stage by performing the process 5 on the copy signal
component, applying the process 1 on the noise component adding the two
signal components, and further applying the process 2 on the added signal.
At this time,  20 the secondary high frequency adjusting unit 2j4 adds the
sinusoid signal component to the output signal at the intermediate stage,
and outputs the result to the coefficient adding unit. [0136] The piimary
high frequency adjusting unit 2j3 may output any one of a plurality of
signal components in a form separated from each 25other in addition to the
three signal components of the copy signal component, the noise signal
component, and the sinusoid signal  component. In this case, the signal
component may be obtained by adding at least two of the copy signal
component, the noise signal component, and the sinusoid signal component.
The signal component may also be a signal obtained by dividing the band of
one of the copy 



5 signal component, the noise signal component, and the sinusoid signal.
The number of signal components may be other than three, and in this case,
the number of the individual signal component adjusting units may be other
than three. [0137] The high frequency signal generated by SBR consists of
three  10 elements of the copy signal component obtained by copying from
the low frequency band to the high frequency band, the noise signal, and
the sinusoid signal. Because the copy signal, the noise signal, and the
sinusoid signal have the temporal envelopes different from one another, if
the temporal envelope of each of the signal components is shaped by  15
using different methods as the individual signal component adjusting units
of the present modification, it is possible to further improve the
subjective quality of the decoded signal compared with the other
embodiments of the present invention. In particular, because the noise
signal generally has a smooth temporal envelope, and the copy signal  20
has a temporal envelope close to that of the signal in the low frequency
band, the temporal envelopes of the copy signal and the noise signal can be
independently controlled, by handling them separately and applying
different processes thereto. Accordingly, it is effective in improving the
subject quality of the decoded signal. More specifically, it is
25preferable to perform a process of shaping the temporal envelope on the
noise signal (process 3 or process 4), perform a process different from
that for the noise signal on the copy signal (process 1 or process 2), and
perform the process 5 on the sinusoid signal (in other words, the temporal
envelope shaping process is not performed). It is also preferable to
perform a Shaping process (Process 3 or process 4) of the  5 temporal
envelope on the noise signal, and perform the process 5 on the copy signal
and the sinusoid signal (in other words, the temporal envelope shaping
process is not performed). [0138] (Modification 4 of First Embodiment) A
speech encoding device lib (FIG 44) of a modification 4 of  10 the first
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech encoding device lib by loading and executing a predetermined
computer program stored in a built-in memory of the speech encoding device
llb such as the ROM into the  15 RAM. The communication device of the
speech encoding device lib receives a speech signal to be encoded from
outside the speech encoding device 11b, and outputs an encoded multiplexed
bit stream to the outside the speech encoding device fib. The speech
encoding device llb includes a linear prediction analysis unit tel instead
of the 20linear prediction analysis unit le of the speech encoding device
11b, and 



further includes a time slot selecting unit lp. [0139] The time slot
selecting unit lp receives a signal in the QMF domain from the frequency
transform unit la and selects a time slot at which the linear prediction
analysis by the linear prediction analysis unit 25lel is performed. The
linear prediction analysis -unit lel performs linear prediction analysis on
the QMF domain signal in the selected  time slot as the linear prediction
analysis unit le, based on the selection result transmitted from the time
slot selecting unit lp, to obtain at least one of the high frequency linear
prediction coefficients and the low frequenc-y linear prediction
coefficients. The filter strength parameter  5 calculating unit if
calculates a filter strength parameter by using linear prediction
coefficients of the time slot selected by the time slot selecting unit lp,
obtained by the linear prediction analysis unit lei. To select a time slot
by the time slot selecting unit lp, for example, at least one selection
methods using the signal power of the QMF domain signal of  10 the high
frequency components, similar to that of a time slot selecting unit 3a in a
decoding device 21a of the present modification, which will be described
later, may be used. At this time, it is preferable that the QMF domain
signal of the high frequency components in die time slot selecting unit lp
be a frequency component encoded by the SBR  15 encoding unit id, among the
signals in the QMF domain received from the frequency transform unit la.
The time slot selecting method may be at least one of the methods described
above, may include at least one method different from those described
above, or may be the combination thereof. 20[0140] A speech decoding device
21a (see FIG 18) of the modification 4 of the first embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech decoding
device 21a by loading and executing a predetermined computer program (such
as a computer 25program for performing processes illustrated in the
flowchart of FIG 



19) stored in a built-in memory of the speech decoding device 21a such  as
the ROM into the RAM. The communication device of the speech decoding
device 21a receives the encoded multiplexed bit stream and outputs a
decoded speech signal to outside the speech decoding device 21a. The speech
decoding device 21a, as illustrated in FIG 18,  5 includes a low frequency
linear prediction analysis unit 2d1, a signal change detecting unit 2e1, a
high frequency linear prediction analysis unit 2h1, a linear prediction
inverse fdter unit 2i1, and a linear prediction filter unit 2k3 instead of
the low frequency linear prediction analysis unit 2d, the signal change
detecting unit 2e, the high frequency  10 linear prediction analysis unit
2h, the linear prediction inverse filter unit 2i, and the linear prediction
filter unit 2k of the speech decoding device 21, and further includes the
time slot selecting unit 3a.  [0141] The time slot selecting unit 3a
determines whether linear prediction synthesis filtering in the linear
prediction filter unit 2k is to  15 be performed on the signal qexp (k, r)
in the QMF domain of the high frequency components of the time slot r
generated by the high frequency generating unit 2g, and selects a time slot
at which the linear prediction synthesis filtering is performed (process at
Step Sh1). The time slot selecting unit 3a notifies, of the selection
result of the time slot,  20 the low frequency linear prediction analysis
unit 2d1, the signal change detecting unit 2e1, the high frequency linear
prediction analysis unit 2h1, the linear prediction inverse filter unit
2i1, and the linear prediction filter unit 2k3 The low frequency linear
prediction analysis unit 2d1 performs linear prediction analysis on the QMF
domain signal in the 25selected time slot rl, in the same manner as the low
frequency linear prediction analysis unit 2d, based on the selection result
transmitted  from the time slot selecting unit 3a, to obtain low frequency
linear prediction coefficients (process at Step Sh2). The signal change
detecting unit 2e1 detects the temporal variation in the QMF domain signal
in the selected time slot, as the signal change detecting unit 2e, 5based
on the selection result transmitted from the time slot selecting unit 3a,
and outputs a detection result T (r1). 



[0142] The filter strength adjusting unit 2f performs filter strength
adjustment on the low frequency linear prediction coefficients of the time
slot selected by the time slot selecting unit 3a obtained by the low  10
frequency linear prediction analysis unit 2d1, to obtain an adjusted linear
prediction coefficients adec (n, r1). The high frequency linear prediction
analysis unit 2h1 performs linear prediction analysis in the frequency
direction on the QMEE domain signal of the high frequency components
generated by the high frequency generating unit 2g for the  15 selected
time slot rl, based on the selection result transmitted from the time slot
selecting unit 3a, as the high frequency linear prediction analysis unit
2k, to obtain a high frequency linear prediction coefficients a"p (n, rl)
(process at Step Sh3). The linear prediction inverse filter unit 2i1
performs linear prediction inverse filtering, in which ae"p (n, rl)  20 are
coefficients, in the frequency direction on the signal clexp (k, r) in the
QMF domain of the high frequency components of the selected time slot r 1,
as the linear prediction inverse filter unit 2i, based on the selection
result transmitted from the time slot selecting unit 3a (process at Step
5h4). 25[0143] The linear prediction filter unit 2k3 performs linear
prediction synthesis filtering in the frequency direction on a signal
qadik, rl) in the  QMF domain of the high frequency components output from
the high frequency adjusting unit 2] in the selected time slot H by using
aadj (n, rl) obtained from the filter strength adjusting unit 2f, as the
linear prediction filter unit 2k, based on the selection result transmitted
from  5 the time slot selecting unit 3a (process at Step 5h5). The changes
made to the linear prediction filter unit 2k described in the modification
3 may also be made to the linear prediction filter unit 2k3. To select a
time slot at which the linear prediction synthesis filtering is performed,
for example, the time slot selecting unit 3a may select at least one time
10 slot r in which the signal power of the QMF domain signal qexp (k, r) of
the high frequency components is greater than a predetermined value
Pexp,rh. It is preferable to calculate the signal power of qexp(k,r)
according to the following expression. ki +M -1 2 



Pexp= EIgexp(k,r)---(42) k=k, 15where M is a value representing a frequency
range higher than a lower limit frequency kx of the high frequency
components generated by the high frequency generating unit 2g, and the
frequency range of the high frequency components generated by the high
frequency generating unit 2g may be represented as kiSk<lcx-FM. The
predetermined value Pexp,Th  20 may also be an average value of Pexp(r) of
a predetermined time width including the time slot r. The predeteintined
time width may also be the SBR envelope.     [0144] The selection may also
be made so as to include a time slot at which the signal power of the QMF
domain signal of the high frequency 25components reaches its peak. The peak
signal power may be  calculated, for example, by using a moving average
value: P  exp,M (r)A---(43)     of the signal power, and the peak signal
Power may be the signal power in the QMF domain of the high frequency
components of the time slot r 5at which the result of: Pexp,mA(r +1) -
Pexp,mA(r)---(44) 



changes from the positive value to the negative value. The moving average
value of the signal power, Pexp,MA(r) 10for example, may be calculated by
the following expression. r+--1 12 Pe x "m(r)= - 11%7)(1) ---(46) , =I-- 2
where c is a predetermined value for defining a range for calculating the
average value. The peak signal power may be calculated by the method
described above, or may be calculated by a different method.  15 [0145] At
least one time slot may be selected from time slots included in a time
width t during which the QMF domain signal of the high frequency components
transits from a steady state with a small variation of its signal power to
a transient state with a large variation of its signal power, and that is
smaller than a predetermined value tth. At least one 20time slot may also
be selected from time slots included in a time width t  during which the
signal power of the QMIF domain signal of the high frequency components is
changed from a transient state with a large variation to a steady state
with a small variation, and that are larger than the predeterm- ined value
till. The time slot r in which 1Pexp(r+1)--Pexp(01 



5 is smaller than a predetermined value (or equal to or smaller than a
predetermined value) may be the steady state, and the time slot r in which
113exp(r+1)-Pexp(r)1 is equal to or larger than a predetermined value (or
larger than a predetermined value) may be the transient state. The time
slot r in which I ,Pexp,mA(r+1)-PexpmA(r)1 is smaller than a  10
predetermined value (or equal to or smaller than a predetermined value) may
be the steady state, and the time slot r in which 113exp,mA(r+1)-PexpmA(r)I
is equal to or larger than a predetermined value (or larger than a
predetermined value) may be the transient state. The transient state and
the steady state may be defined using the method  15 described above, or
may be defined using different methods. The time slot selecting method may
be at least one of the methods described above, may include at least one
method different from those described above, or may be the combination
thereof [0146] (Modification 5 of First Embodiment) 20A speech encoding
device 11c (FIG. 45) of a modification 5 of the first embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech encoding
device 11c by loading and executing a predetermined computer program stored
in a built-in 25memory of the speech encoding device 11c such as the ROM
into the RAM. The communication device of the speech encoding device 11c
receives a speech signal to be encoded from outside the speech encoding
device 11c, and outputs an encoded multiplexed bit stream to the outside of
the speech encoding device 11c. The speech encoding device 11c includes a
time slot selecting unit lpl and a bit stream  5 multiplexing unit 1g4,
instead of the time slot selecting unit lp and the bit stream multiplexing
unit lg of the speech encoding device 1 lb of the modification 4. [0147]
The time slot selecting unit lpl selects a time slot as the time slot
selecting unit lp described in the modification 4 of the first 



10 embodiment, and transmits time slot selection information to the bit
stream multiplexing unit 1g4. The bit stream multiplexing unit 1g4
multiplexes the encoded bit stream calculated by the core codec encoding
unit lc, the SBR supplementary information calculated by the SI3R encoding
unit 1 d, and the filter strength parameter calculated by  15 the filter
strength parameter calculating unit if as the bit stream multiplexing unit
lg, also multiplexes the time slot selection information received from the
time slot selecting unit lpl, and outputs the multiplexed bit stream
through the communication device of the speech encoding device 11c. The
time slot selection information is  20 time slot selection information
received by a time slot selecting unit 3a1 in a speech decoding device 21b,
which will be describe later, and for example, an index rl of a time slot
to be selected may be included. The time slot selection information may
also be a parameter used in the time slot selecting method of the time slot
selecting unit 3al. The 25speech decoding device 21b (see FIG 20) of the
modification 5 of the first embodiment physically includes a CPU, a ROM, a
RAM, a  communication device, and the like, which are not illustrated, and
the CPU integrally controls the speech decoding device 21b by loading and
executing a predetermined computer program (such as a computer program for
performing processes illustrated in the flowchart of FIG  5 21) stored in a
built-in memory of the speech decoding device 21b such as the ROM into the
RAM. The communication device of the speech decoding device 21b receives
the encoded multiplexed bit stream and outputs a decoded speech signal to
outside the speech decoding device 21 b. 10[0148] The speech decoding
device 21b, as illustrated in FIG 20, includes a bit stream separating unit
2a5 and the time slot selecting unit 3a1 instead of the bit stream
separating unit 2a and the time slot selecting unit 3a of the speech
decoding device 21a of the modification 4, and time slot selection
information is supplied to the time slot  15 selecting unit 3 al. The bit
stream separating unit 2a5 separates the multiplexed bit stream into the
filter strength parameter, the SBR supplementary information, and the
encoded bit stream as the bit stream separating unit 2a, and further
separates the time slot selection information. The time slot selecting unit
3a1 selects a time slot based  20 on the time slot selection information
transmitted from the bit stream separating unit 2a5 (process at Step Sil).
The time slot selection information is information used for selecting a
time slot, and for example, may include the index rl of the time slot to be
selected. The time slot selection information may also be a parameter, for
example, 25used in the time slot selecting method described in the
modification 4. In this case, although not illustrated, the QMT domain
signal of the high 



frequency components generated by the high frequency signal generating unit
2g may be supplied to the time slot selecting unit 3al, in addition to the
time slot selection information. The parameter may also be a predetermined
value [such as Pexpjh and tm) used for selecting 5the time slot. [0149]
(Modification 6 of First Embodiment)       A speech encoding device lid
(not illustrated) of a modification 6 of the first embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the  10 CPU integrally controls the speech
encoding device lld by loading and executing a predetermined computer
program stored in a built-in memory of the speech encoding device 1 id such
as the ROM into the RAM. The communication device of the speech encoding
device 1 id receives a speech signal to be encoded from outside the speech
15 encoding device 11d, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device lid.  The speech encoding device
lld includes a short-term power calculating unit iii, which is not
illustrated, instead of the short-term power calculating unit li of the
speech encoding device 11 a of the modification 1, and further includes a
20time slot selecting unit 1p2. [0150] The time slot selecting unit 1p2
receives a signal in the QMF domain from the frequency transform unit la,
and selects a time slot corresponding to the time segment at which the
short-term power calculation process is performed by the short-term power
calculating 25unit ii. The short-term power calculating unit lil calculates
the short-term power of a time segment corresponding to the selected time
slot based on the selection result transmitted from the time slot selecting
unit 1p2, as the short-term power calculating unit li of the speech
encoding device lla of the modification 1. [0151] (Modification 7 of First
Embodiment) 



5A speech encoding device lie (not illustrated) of a modification 7 of the
first embodiment physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the CPU integrally
controls the speech encoding device lie by loading and executing a
predetermined computer program stored in a built-in  10 memory of the
speech encoding device lie such as the ROM into the RAM. The communication
device of the speech encoding device 1 le receives a speech signal to be
encoded from outside the speech encoding device lie, and outputs an encoded
multiplexed bit stream to the outside of the speech encoding device lie.
The speech encoding  15 device lie  includes a time slot selecting unit
1p3, which is not illustrated, instead of the time slot selecting unit 1p2
of the speech encoding device 1 1 d of the modification 6. The speech
encoding device 1 le also includes a bit stream multiplexing unit that
further receives an output from the time slot selecting unit 1p3, instead
of the  20 bit stream multiplexing unit 1 gl. The time slot selecting unit
1p3 selects a time slot as the time slot selecting unit 1p2 described in
the modification. 6 of the first embodiment, and transmits time slot
selection information to the bit stream multiplexing unit. [0152]
(Modification 8 of First Embodiment) 25A speech encoding device (not
illustrated) of a modification 8 of the first embodiment physically
includes a CPU, a ROM, a RAM, a  communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech encoding
device of the modification 8 by loading and executing a predetermined
computer program stored in a built-in memory- of the speech encoding device
of the modification 8  5 such as the ROM into the RAM. The communication
device of the speech encoding device of the modification 8 receives a
speech signal to be encoded from outside the speech encoding device, and
outputs an encoded multiplexed bit stream to the outside of the speech
encoding device. The speech encoding device of the modification 8 further
10includes the time slot selecting unit lp in addition to those of the
speech encoding device described in the modification 2. [0153] A speech
decoding device (not illustrated) of the modification 8 



of the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the  15
CPU integrally controls the speech decoding device of the modification 8 by
loading and executing a predetennined computer program stored in a built-in
memory of the speech decoding device of the modification 8 such as the ROM
into the RAM. The communication device of the speech decoding device of the
modification 8 receives the encoded  20 multiplexed bit stream, and outputs
a decoded speech signal to the outside of the speech decoding device. The
speech decoding device of the modification 8 further includes the low
frequency linear prediction analysis unit 2d1, the signal change detecting
unit 2e1, the high frequency linear prediction analysis unit 2h1, the
linear prediction 25inverse filter unit 2i1, and the linear prediction
filter unit 2k3, instead of the low frequency linear prediction analysis
unit 2d, the signal change  detecting unit 2e, the high frequency linear
prediction analysis unit 2h, the linear prediction inverse filter unit 2i,
and the linear prediction filter unit 2k of the speech decoding device
described in the modification 2, and further includes the time slot
selecting unit 3a. 5[0154] (Modification 9 of First Embodiment)       A
speech encoding device (not illustrated) of a modification 9 of the first
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech encoding device of the modification  10 9 by loading and
executing a predetermined computer program stored in a built-in memory of
the speech encoding device of the modification 9 such as the ROM into the
RAM. The communication device of the speech encoding device of the
modification 9 receives a speech signal to be encoded from outside the
speech encoding device, and outputs an  15 encoded multiplexed bit stream
to the outside of the speech encoding device. The speech encoding device of
the modification 9 includes the time slot selecting unit lpl instead of the
time slot selecting unit lp of the speech encoding device described in the
modification 8. The speech encoding device of the modification 9 further
includes a bit  20 stream multiplexing unit that receives an output from
the time slot selecting unit lpl in addition to the input supplied to the
bit stream multiplexing unit described in the modification 8, instead of
the bit stream multiplexing unit described in the modification 8.
[0155] A speech decoding device (not illustrated) of the modification 9 



25of the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the  CPU
integrally controls the speech decoding device of the modification 9 by
loading and executing a predetermined computer program stored in a built-in
memory of the speech decoding device of the modification 9 such as the ROM
into the RAM. The communication device of the  5 speech decoding device of
the modification 9 receives the encoded multiplexed bit stream, and outputs
a decoded speech signal to the outside of the speech decoding device. The
speech decoding device of the modification 9 includes the time slot
selecting unit 3a1 instead of the time slot selecting unit 3a of the speech
decoding device described in  10 the modification 8. The speech decoding
device of the modification 9 further includes a bit stream separating unit
that separates at (n, r) described in the modification 2 instead of the
filter strength parameter of the bit stream separating unit 2a5, instead of
the bit stream separating unit 2a. 15[0156] (Modification 1 of Second
Embodiment)       A speech encoding device 12a (FIG. 46) of a modification
1 of the second embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the CPU
integrally controls the speech encoding device 12a by loading and  20
executing a predetermined computer program stored in a built-in memory of
the speech encoding device 12a such as the ROM into the RAM. The
communication device of the speech encoding device 12a receives a speech
signal to be encoded from outside the speech encoding device 12a, and
outputs an encoded multiplexed bit stream to 25the outside of the speech
encoding device 12a.. The speech encoding device 12a includes the linear
prediction analysis unit lel instead of the  linear prediction analysis
unit le of the speech encoding device 12, and further includes the time
slot selecting unit lp. [0157] A speech decoding device 22a (see FIG 22) of
the modification 



1 of the second embodiment physically includes a CPU, a ROM, a  5 RAM, a
communication device, and the like, which are not illustrated, and the CPU
integrally controls the speech decoding device 22a by loading and executing
a predetermined computer program (such as a computer program for performing
processes illustrated in the flowchart of FIG. 23) stored in a built-in
memory of the speech decoding device  10 22a such as the ROM into the RAM.
The communication device of the speech decoding device 22a receives the
encoded multiplexed bit stream, and outputs a decoded speech signal to the
outside of the speech decoding device 22a. The speech decoding device 22a,
as illustrated in FIG 22, includes the low frequency linear prediction
analysis unit  15 2d1, the signal change detecting unit 2e1, the high
frequency linear prediction analysis unit 2h1, the linear prediction
inverse filter unit 2i1, a linear prediction filter unit 2k2, and a linear
prediction interpolation/extrapolation unit 2p1, instead of the high
frequency linear prediction analysis unit 2h, the linear prediction inverse
filter unit 2i, the  20 linear prediction filter unit 2k1, and the linear
prediction interpolation/extrapolation unit 2p of the speech decoding
device 22 of the second embodiment, and further includes the time slot
selecting unit 3a.     [0158] The time slot selecting unit 3a notifies, of
the selection result of 25the time slot, the high frequency linear
prediction analysis unit 2h1, the linear prediction inverse filter unit
2i1, the linear prediction filter unit  2k2, and the linear prediction
coefficient interpolation/extrapolation unit 2p1. The linear prediction
coefficient interpolation/extrapolation unit 2p1 obtains aff (n, r)
corresponding to the time slot rl that is the selected time slot and of
which linear prediction coefficients are not transmitted  5 by
interpolation or extrapolation, as the linear prediction coefficient
interpolation/extrapolation unit 2p, based on the selection result
transmitted from the the slot selecting unit 3a (process at Step SM. The
linear prediction filter unit 2k2 performs linear prediction synthesis
filtering in the frequency direction on gat (n, rl) output from the high
10 frequency adjusting unit 2] for the selected time slot rl by using all
(n, rl) being interpolated or extrapolated and obtained from the linear
prediction coefficient interpolation/extrapolation unit 2p1, as the linear
prediction filter unit 2k1 (process at Step Sj2), based on the selection
result transmitted from the time slot selecting unit 3a. The changes  15
made to the linear prediction filter unit 2k described in the modification
3 of the first embodiment may also be made to the linear prediction filter
unit 2k2. [0159] (Modification 2 of Second Embodiment) 



A speech encoding device 12b (FIG 47) of a modification 2 of  20 the second
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech encoding device lib by loading and executing a predetermined
computer program stored in a built-in memory of the speech encoding device
12b such as the ROM into the 25RAM. The communication device of the speech
encoding device 12b receives a speech signal to be encoded from outside the
speech  encoding device 12b, and outputs an encoded multiplexed bit stream
to the outside of the speech encoding device 12b. The speech encoding
device 12b includes the time slot selecting unit lp 1 and a bit stream
multiplexing unit 1g5 instead of the time slot selecting unit lp and the  5
bit stream multiplexing unit 1g2 of the speech encoding device 12a of the
modification 1. The bit stream multiplexing unit 1g5 multiplexes the
encoded bit stream calculated by the core codec encoding unit lc, the SBR
supplementary information calculated by the SBR encoding unit ld, and
indices of the time slots corresponding to the quantized  10 linear
prediction coefficients received from the linear prediction coefficient
quantizing unit lk as the bit stream multiplexing unit 1g2, further
multiplexes the time slot selection information received from the time slot
selecting unit lp 1, and outputs the multiplexed bit stream through the
communication device of the speech encoding device 12b.  15 [0160] A speech
decoding device 22b (see FIG 24) of the modification 2 of the second
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech decoding device 22b by loading and executing a predetermined
computer program (such as a  20 computer program for performing processes
illustrated in the flowchart of FIG 25) stored in a built-in memory of the
speech decoding device 22b such as the ROM into the RAM. The communication
device of the speech decoding device 22b receives the encoded multiplexed
bit stream, and outputs a decoded speech signal to the outside of the
speech 25decoding device 22b. The speech decoding device 22b, as
illustrated in FIG 24, includes a bit stream separating unit 2a6 and the
time slot  selecting unit 3a1 instead of the bit stream separating unit 2a1
and the time slot selecting unit 3a of the speech decoding device 22a
described in the modification 1, and time slot selection information is
supplied to the time slot selecting unit 3a1. The bit stream separating
unit 2a6 



5separates the multiplexed bit stream into aH (n, r) being quantized, the
index xi of the corresponding time slot, the SBR supplementary information,
and the encoded bit stream as the bit stream separating unit 2a1, and
further separates the time slot selection information. [0161] (Modification
4 of Third Embodiment) 10e---(47) described in the modification 1 of the
third embodiment may be an average value of e (r) in the SBR envelope, or
may be a value defined in some other manner. [0162] (Modification 5 of
Third Embodiment) 15As described in the modification 3 of the third
embodiment, it is preferable that the envelope shape adjusting unit 2s
control eat(r) by using a predetermined value eadj,Th(r), considering that
the adjusted temporal envelope eadj(r) is a gain coefficient multiplied by
the QMF subband sample, for example, as the expression (28) and the
expressions 20(37) and (38). e .(r)> e . adjadj ,Th---(48) [0163] (Fourth
Embodiment)            A speech encoding device 14 (FIG 48) of the fourth
embodiment physically includes a CPU, a ROM, a RAM, a 25communication
device, and the like, which are not illustrated, and the  



CPU integrally controls the speech encoding device 14 by loading and
executing a predetermined computer program stored in a built-in memory of
the speech encoding device 14 such as the ROM into the RAM. The
communication device of the speech encoding device 14  5 receives a speech
signal to be encoded from outside the speech encoding device 14, and
outputs an encoded multiplexed bit stream to the outside of the speech
encoding device 14. The speech encoding device 14 includes a bit stream
multiplexing unit 1g7 instead of the bit stream multiplexing unit 1 g of
the speech encoding device 111) of the  10 modification 4 of the first
embodiment, and further includes the temporal envelope calculating unit lm
and the envelope parameter calculating unit ln of the speech encoding
device 13. [0164] The bit stream multiplexing unit 1g7 multiplexes the
encoded bit stream calculated by the core codec encoding unit lc and the
SBR  15 supplementary information calculated by the SBR encoding unit Id as
the bit stream multiplexing unit lg, converts the filter strength parameter
calculated by the filter strength parameter calculating unit and the
envelope shape parameter calculated by the envelope shape parameter
calculating unit ln into the temporal envelope supplementary  20
information, multiplexes them, and outputs the multiplexed bit stream
(encoded multiplexed bit stream) through the communication device of the
speech encoding device 14. [0165] (Modification 4 of Fourth Embodiment)
A speech encoding device 14a (FIG 49) of a modification 4 of 25the fourth
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the  CPU integrally controls
the speech encoding device 14a by loading and executing a predetermined
computer program stored in a built-in memory of the speech encoding device
14a such as the ROM into the RAM. The communication device of the speech
encoding device 14a  5 receives a speech signal to be encoded from outside
the speech encoding device 14a, and outputs an encoded multiplexed bit
stream to the outside of the speech encoding device 14a. The speech
encoding device 14a includes the linear prediction analysis unit lel
instead of the linear prediction analysis unit le of the speech encoding
device 14 of 



10the fourth embodiment, and further includes the time slot selecting unit
lp. [0166] A speech decoding device 24d (see FIG 26) of the modification 4
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the  15
CPU integrally controls the speech decoding device 24d by loading and
executing a predetermined computer program (such as a computer program for
performing processes illustrated in the flowchart of FIG 27) stored in a
built-in memory of the speech decoding device 24d such as the ROM into the
RAM. The communication device of the speech  20 decoding device 24d
receives the encoded multiplexed bit stream, and outputs a decoded speech
signal to the outside of the speech decoding device 24d. The speech
decoding device 24d, as illustrated in FIG 26, includes the low frequency
linear prediction analysis unit 2d1, the signal change detecting unit 2e1,
the high frequency linear prediction analysis 25unit 2h1, the linear
prediction inverse filter unit 2i1, and the linear prediction filter unit
2k3 instead of the low frequency linear prediction  analysis unit 2d, the
signal change detecting unit 2e, the high frequency linear prediction
analysis unit 2h, the linear prediction inverse filter unit 2i, and the
linear prediction filter unit 2k of the speech decoding device 24, and
further includes the time slot selecting unit 3a. The temporal  5 envelope
shaping unit 2v shapes the signal in the QMIF domain obtained from the
linear prediction filter unit 2k3 by using the temporal envelope
information obtained from the envelope shape adjusting unit 2s, as the
temporal envelope shaping unit 2v of the third embodiment, the fourth
embodiment, and the modifications thereof (process at Step Skl). 10[0167]
(Modification 5 of Fourth Embodiment)       A speech decoding device 24e
(see FIG 28) of a modification 5 of the fourth embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech decoding
device 24e by loading and 



15 executing a predetermined computer program (such as a computer program
for performing processes illustrated in the flowchart of FIG. 29) stored in
a built-in memory of the speech decoding device 24e such as the ROM into
the RAM. The communication device of the speech decoding device 24e
receives the encoded multiplexed bit stream, and  20 outputs a decoded
speech signal to the outside of the speech decoding device 24e. In the
modification 5, as illustrated in FIG 28, the speech decoding device 24e
omits the high frequency linear prediction analysis unit 2h1 and the linear
prediction inverse filter unit 211 of the speech decoding device 24d
described in the modification 4 that can be omitted 25throughout the fourth
embodiment as the first embodiment, and includes a time slot selecting unit
3a2 and a temporal envelope shaping unit 2v1  instead of the time slot
selecting unit 3a and the temporal envelope shaping unit 2v of the speech
decoding device 24d. The speech decoding device 24e also changes the order
of the linear prediction synthesis filtering performed by the linear
prediction filter unit 2k3 and 5 the temporal envelope shaping process
performed by the temporal envelope shaping unit 2v1 whose processing order
is interchangeable throughout the fourth embodiment. [0168] The temporal
envelope shaping unit 2v1 shapes etaj ne- using  I dj(rr)) obtained from
the high frequency adjusting unit 2j by 10obtained from the envelope shape
adjusting unit 2s, as the temporal envelope shaping unit 2v, and obtains a
signal co                                                     aareadj (k,
r) in the QMF domain in which the temporal envelope is shaped. The temporal
envelope shaping unit 2v1 also notifies the time slot selecting unit 3a2 of
parameters obtained when the temporal envelope is being shaped, or  15
parameters calculated by at least using the parameters obtained when the
temporal envelope is being shaped as time slot selection information. The
time slot selection information may be e(r) of the expression (22) or the
expression (40), or le(r)I2 to which the square root operation is not
applied during the calculation process. A plurality of time slot sections 



20(such as SBR envelopes) <b1+1---(49) may also be used, and the expression
(24) that is the average value thereof e(i  ---(50)     101  may also be
used as the time slot selection information. It is noted that: b1+1 



le(r)12 e@2b. [0169] The time slot selection information may also be e(r)
of the 5 expression (26) and the expression (41), or le(r)2 to which the
square root operation is not applied during the calculation process. A
plurality of time slot segments (such as SBR envelopes) b1 5_ r <b1 ---(52)
and the average value thereof jexp (0,(i) exp may also be used as the time
slot selection information. It is noted that: eexp(r)-(54) expk+i    



15The time slot selection information may also be ead,(r) of the expression
(23), the expression (35) or the expression (36), or may be leadi(r)12 to
which the square root operation is not applied during the calculation
process. A plurality of time slot segments (such as SBR envelopes) b. <r
<b.--(56) - 5and the average value thereof    may also be used as the time
slot selection that:  _.7=b, eadj(z) = bi+i -1 



Eeadi(r) Jadj(i)12r=br bi+l-b  The time slot selection information may also
be eadiscaled(r) of the expression (37), or may be leacri, scaled(r)12 to
which the square root operation is not applied during the calculation
process. In a plurality of time slot segments (such as SBR envelopes) 15bir
<bii---(60)  and the average value thereof          e acij ,scaled(i), may
also be used as the time  e adj,scaled(r)  ---(63)  



The time slot selection information may also be a signal power Penvadi(r) 5
of the time slot r of the QMF domain signal corresponding to the high
frequency components in which the temporal envelope is shaped or a signal
amplitude value thereof to which the square root operation is applied
Penvad;---(64) 10In a plurality of time slot segments (such as SBR
envelopes) b< b i+1 --(65) and the average value thereof Penvadj,Penvadj
(i)---(66)        may also be used as the time slot selection information.
It is noted 15that:    104 



M is a value representing a frequency range higher than that of the lower
limit frequency kx of the high frequency components generated by the high
frequency generating unit 2g, and the frequency range of the 5high
frequency components generated by the high frequency generating unit 2g may
also be represented as k"Ic<k,c+M. [0170] The time slot selecting unit 3a2
selects time slots at which the linear prediction synthesis filtering by
the linear prediction filter unit 2k is performed, by determining whether
linear prediction synthesis  10 filtering is performed on the signal qmvadj
(k, r) in the QMLF domain of the high frequency components of the time slot
r in which the temporal envelope is shaped by the temporal envelope shaping
unit 2v1, based on the time slot selection information transmitted from the
temporal envelope shaping unit 2v1 (process at Step Spl). 15p1711 To select
time slots at which the linear prediction synthesis filtering is performed
by the time slot selecting unit 3a9 in the present modification, at least
one time slot r in which a parameter u(r) included in the time slot
selection information transmitted from the temporal envelope shaping unit
2v1 is larger than a predetermined value um may 20be selected, or at least
one time slot r in which u(r) is equal to or larger than a predetermined
value um may be selected. u(r) may include at 



, least one of e(r), le(r)12, eexp(r), lecx-p(r)12, eadi(r), Jea4(r)12,
eadiscalean, I eadj,scaled(r) 2, and Penvadj(r), described above, and;
Per"njftclj  ---(69)      



and uni may include at least one of;      12 emp(1),      





---(70) 2 eadj,scaled(0,1eadj,scaled (01 P Fen d, , 11Pm0d, , un, may also
be an average value of u(r) of a predetermined time width  5 (such as SBR
envelope) including the time slot r. The selection may also be made so that
time slots at which u(r) reaches its peaks are included. The peaks of u(r)
may be calculated as calculating the peaks of the signal power in the QMF
domain signal of the high frequency components in the modification 4 of the
first embodiment. The steady 



10 state and the transient state in the modification 4 of the first
embodiment may be determined similar to those of the modification 4 of the
first embodiment by using u(r), and time slots may be selected based on
this. The time slot selecting method may be at least one of the methods
described above, may include at least one method different from those
15described above, or may be the combination thereof. [0172] (Modification
6 of Fourth Embodiment)       A speech decoding device 24f (see FIG. 30) of
a modification 6 of the fourth embodiment physically includes a CPU, a ROM,
a RAM, a communication device, and the like, which are not illustrated, and
the 106  CPU integrally controls the speech decoding device 24f by loading
and executing a predetermined computer program (such as a computer program
for performing processes illustrated in the flowchart of FIG. 29) stored in
a built-in memory of the speech decoding device 24e such  5 as the ROM into
the RAM. The communication device of the speech decoding device 24f
receives the encoded multiplexed bit stream and outputs a decoded speech
signal to outside the speech decoding device 24f. In the modification 6, as
illustrated in FIG. 30, the speech decoding device 24f omits the signal
change detecting unit 2e1, the high  10 frequency linear prediction
analysis unit 2h1, and the linear prediction inverse filter unit 211 of the
speech decoding device 24d described in the modification 4 that can be
omitted throughout the fourth embodiment as the first embodiment, and
includes the time slot selecting unit 3a2 and the temporal envelope shaping
unit 2v1 instead of the time slot selecting  15 unit 3a and the temporal
envelope shaping unit 2v of the speech decoding device 24d. The speech
decoding device 24f also changes the order of the linear prediction
synthesis filtering performed by the linear prediction filter unit 2k3 and
the temporal envelope shaping process performed by the temporal envelope
shaping unit 2v1 whose  20 processing order is interchangeable throughout
the fourth embodiment. [0173] The time slot selecting unit 3a2 determines
whether linear prediction synthesis filtering is performed by the linear
prediction filter unit 216, on the signal Cli aenvadj (k, r) in the QMF
domain of the high         frequency components of the time slots r in
which the temporal 25envelope is shaped by the temporal envelope shaping
unit 2v1, based on 



the time slot selection information transmitted from the temporal  envelope
shaping unit 2v1, selects time slots at which the linear prediction
synthesis filtering is performed, and notifies, of the selected time slots,
the low frequency linear prediction analysis unit 2d1 and the linear
prediction filter unit 2k3. 5[0174] (Modification 7 of Fourth Embodiment)
A speech encoding device 14b (FIG. 50) of a modification 7 of the fourth
embodiment physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech encoding device 14b by loading and 10 executing a predetermined
computer program stored in a built-in memory of the speech encoding device
14b such as the ROM into the RAM. The communication device of the speech
encoding device 14b receives a speech signal to be encoded from outside the
speech encoding device 14b, and outputs an encoded multiplexed bit stream
to 15 the outside of the speech encoding device 14b. The speech encoding
device 14b includes a bit stream multiplexing unit 1g6 and the time slot
selecting unit lpl instead of the bit stream multiplexing unit 1g7 and the
time slot selecting unit lp of the speech encoding device 14a of the
modification 4. 20[0175] The bit stream multiplexing unit 1g6 multiplexes
the encoded bit stream calculated by the core codec encoding unit lc, the
SBR supplementary information calculated by the SBR encoding unit id, and
the temporal envelope supplementary information in which the filter
strength parameter calculated by the filter strength parameter calculating
25unit and the envelope shape parameter calculated by the envelope shape
parameter calculating unit ln are converted, also multiplexes the time
slot selection information received from the time slot selecting unit lpl,
and outputs the multiplexed bit stream (encoded multiplexed bit stream)
through the communication device of the speech encoding device 14b. [0176]
A speech decoding device 24g (see FIG. 31) of the modification 5  7 of the
fourth embodiment physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the CPU integrally
controls the speech decoding device 24g by loading and executing a
predetermined computer program (such as a computer program for performing
processes illustrated in the flowchart of FIG. 



10 32) stored in a built-in memory of the speech decoding device 24g such
as the ROM into the RAM. The communication device of the speech decoding
device 24g receives the encoded multiplexed bit stream and outputs a
decoded speech signal to outside the speech decoding device 24g. The speech
decoding device 24g includes a bit stream separating  15 unit 2a7 and the
time slot selecting unit 3a1 instead of the bit stream separating unit 2a3
and the time slot selecting unit 3a of the speech decoding device 2d
described in the modification 4. [0177] The bit stream separating unit 2a7
separates the multiplexed bit stream supplied through the communication
device of the speech  20 decoding device 24g into the temporal envelope
supplementary information, the SBR supplementary information, and the
encoded bit stream, as the bit stream separating unit 2a3, and further
separates the time slot selection information. [0178] (Modification 8 of
Fourth Embodiment) 25A speech decoding device 24h (see FIG 33) of a
modification 8 of the fourth embodiment physically includes a CPU, a ROM, a
RAM, a  communication device, and the like, which are not illustrated, and
the CPU integrally controls the speech decoding device 24h by loading and
executing a predetermined computer program (such as a computer prograni for
performing processes illustrated in the flowchart of FIG. 5 34) stored in a
built-in memory of the speech decoding device 24h such as the ROM into the
RAM. The communication device of the speech decoding device 24h receives
the encoded multiplexed bit stream and outputs a decoded speech signal to
outside the speech decoding device 24h. The speech decoding device 24h, as
illustrated in FIG. 33,  10 includes the low frequency linear prediction
analysis unit 2d1, the signal change detecting unit 2e1, the high frequency
linear prediction analysis unit 2h1, the linear prediction inverse filter
unit 2i1, and the linear prediction filter unit 2k3 instead of the low
frequency linear prediction analysis unit 2d, the signal change detecting
unit 2e, the high frequency  15 linear prediction analysis unit 2h, the
linear prediction inverse filter unit 2i, and the linear prediction filter
unit 2k of the speech decoding device 24b of the modification 2, and
further includes the time slot selecting unit 3a. The primary high
frequency adjusting unit 2j1 performs at least one of the processes in the
"BF Adjustment" step in SBR in  20 "MPEG-4 AAC", as the primary high
frequency adjusting unit 2j1 of the modification 2 of the fourth embodiment
(process at Step Sml ). The secondary high frequency adjusting unit 2j2
performs at least one of the processes in the "BF Adjustment" step in SBR
in "MPEG-4 AAC", as the secondary high frequency adjusting unit 2j2 of the
modification 2 of 



25the fourth embodiment (process at Step Sm2). It is preferable that the
process performed by the secondary high frequency adjusting unit 2j2  be a
process not performed by the primary high frequency adjusting unit 2j1
among the processes in the "I-IF Adjustment" step in SBR in "MPEG-4 AAC".
[0179] (Modification 9 of Fourth Embodiment) 5A speech decoding device 24i
(see FIG. 35) of the modification 9 of the fourth embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech decoding
device 24i by loading and executing a predetermined computer program (such
as a computer  10 program for performing processes illustrated in the
flowchart of FIG 36) stored in a built-in memory of the speech decoding
device 24i such as the ROM into the RAM. The communication device of the
speech decoding device 24i receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device  15
24i. The speech decoding device 24i, as illustrated in FIG 35, omits the
high frequency linear prediction analysis unit 2h1 and the linear
prediction inverse filter unit 2i1 of the speech decoding device 24h of the
modification 8 that can be omitted throughout the fourth embodiment as the
first embodiment, and includes the temporal  20 envelope shaping unit 2v1
and the time slot selecting unit 3a2 instead of the temporal envelope
shaping unit 2v and the time slot selecting unit 3a of the speech decoding
device 24h of the modification 8. The speech decoding device 24i also
changes the order of the linear prediction synthesis filtering performed by
the linear prediction filter unit 2k3 and 25the temporal envelope shaping
process performed by the temporal envelope shaping unit 2v1 whose
processing order is interchangeable  throughout the fourth embodiment. 



[0180] (Modification 10 of Fourth Embodiment)       A speech decoding
device 24j (see FIG 37) of a modification 10 of the fourth embodiment
physically includes a CPU, a ROM, a RAM, a  5 communication device, and the
like, which are not illustrated, and the CPU integrally controls the speech
decoding device 24j by loading and executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 36) stored in a built-in memory of the speech decoding
device 24j such  10 as the ROM into the RAM. The communication device of
the speech decoding device 24j receives the encoded multiplexed bit stream
and outputs a decoded speech signal to outside the speech decoding device
24j. The speech decoding device 24j, as illustrated in FIG 37, omits the
signal change detecting unit 2e1, the high frequency linear  15 prediction
analysis unit 2h1, and the linear prediction inverse filter unit 2i1 of the
speech decoding device 24h of the modification 8 that can be omitted
throughout the fourth embodiment as the first embodiment, and includes the
temporal envelope shaping unit 2v1 and the time slot selecting unit 3 a2
instead of the temporal envelope shaping unit 2v and  20 the time slot
selecting unit 3a of the speech decoding device 24h of the modification 8.
The order of the linear prediction synthesis filtering performed by the
linear prediction filter unit 2k3 and the temporal envelope shaping process
performed by the temporal envelope shaping unit 2v1 is changed, whose
processing order is interchangeable 25throughout the fourth embodiment
[0181] (Modification 11 of Fourth Embodiment)          A speech decoding
device 24k (see FIG 38) of a modification 11 of the fourth embodiment
physically includes a CPU, a ROM, a RAM, a communication device, and the
like, which are not illustrated, and the CPU integrally controls the speech
decoding device 24k by loading and  5 executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 39) stored in a built-in memory of the speech decoding
device 24k such as the ROM into the RAM. The communication device of the
speech decoding device 24k receives the encoded multiplexed bit stream and
10 outputs a decoded speech signal to outside the speech decoding device
24k. The speech decoding device 24k, as illustrated in FIG 38, includes the
bit stream separating unit 2a7 and the time slot selecting unit 3a1 instead
of the bit stream separating unit 2a3 and the time slot selecting unit 3a
of the speech decoding device 24h of the modification 158. [01821
(Modification 12 of Fourth Embodiment) 



A speech decoding device 24q (see FIG 40) of a modification 12 of the
fourth embodiment physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the  20 CPU integrally
controls the speech decoding device 24q by loading and executing a
predetermined computer program (such as a computer program for performing
processes illustrated in the flowchart of FIG 41) stored in a built-in
memory of the speech decoding device 24q such as the ROM into the RAM. The
communication device of the speech 25decoding device 24q receives the
encoded multiplexed bit stream and outputs a decoded speech signal to
outside the speech decoding device  24q. The speech decoding device 24q, as
illustrated in FIG. 40, includes the low frequency linear prediction
analysis unit 2d1, the signal change detecting unit 2e1, the high frequency
linear prediction analysis unit 2h1, the linear prediction inverse filter
unit 211, and individual  5 signal component adjusting units 2z4, 2z5, and
2z6 (individual signal component adjusting units correspond to the temporal
envelope shaping means) instead of the low frequency linear prediction
analysis unit 2d, the signal change detecting unit 2e, the high frequency
linear prediction analysis unit 2h, the linear prediction inverse filter
unit 21, and the  10 individual signal component adjusting units 2z1, 2z2,
and 2z3 of the speech decoding device 24c of the modification 3, and
further includes the time slot selecting unit 3a. [01831 At least one of
the individual signal component adjusting units 2z4, 2z5, and 2z6 performs
processing on the QMF domain signal of the  15 selected time slot, for the
signal component included in the output of the primary high frequency
adjusting means, as the individual signal component adjusting units 2z1,
2z2, and 2z3, based on the selection result transmitted from the time slot
selecting unit 3a (process at Step Sul). It is preferable that the process
using the time slot selection  20 information include at least one process
including the linear prediction synthesis filtering in the frequency
direction, among the processes of the individual signal component adjusting
units 2z1, 2z2, and 2z3 described in the modification 3 of the fourth
embodiment.     [01841 The processes performed by the individual signal
component 25adjusting units 2z4, 2z5, and 2z6 may be the same as the
processes 



performed by the individual signal component adjusting units 2z1, 2z2,  and
2z3 descrthed in the modification 3 of the fourth embodiment, but the
individual signal component adjusting units 2z4, 2z5, and 2z6 may shape the
temporal envelope of each of the plurality of signal components included in
the output of the primary high frequency  5 adjusting means by different
methods (if all the individual signal component adjusting units 2z4, 2z5,
and 2z6 do not perform processing based on the selection result transmitted
from the time slot selecting unit 3a, it is the same as the modification 3
of the fourth embodiment of the present invention). 10[0185] All the
selection results of the time slot transmitted to the individual signal
component adjusting units 2z4, 2z5, and 2z6 from the time slot selecting
unit 3a need not be the same, and all or a part thereof may be different.
[0186] In FIG. 40, the result of the time slot selection is transmitted to
15 the individual signal component adjusting units 2z4, 2z5, and 2z6 from
one time slot selecting unit 3a. However, it is possible to include a
plurality of time slot selecting units for notifying, of the different
results of the time slot selection, each or a part of the individual signal
component adjusting units 2z4, 2z5, and 2z6. At this time, the time  20
slot selecting unit relative to the individual signal component adjusting
unit among the individual signal component adjusting units 2z4, 2z5, and
2z6 that performs the process 4 (the process of multiplying each QMF
subband sample by the gain coefficient is performed on the input signal by
using the tenaloral envelope obtained from the envelope shape 25adjusting
unit 2s as the temporal envelope shaping unit 2v, and then the linear
prediction synthesis filtering in the frequency direction is also
performed on the output signal by using the linear prediction coefficients
received from the filter strength adjusting unit 2f as the linear
prediction filter unit 2k) described in the modification 3 of the fourth
emb6diment may select the time slot by using the time slot 5selection
information supplied from the temporal envelope shaping unit. 



[0187] (Modification 13 of Fourth Embodiment) A speech decoding device 24m
(see FIG 42) of a modification 13 of the fourth embodiment physically
includes a CPU, a ROM, a RAM, a communication device, and the like, which
are not illustrated,  10 and the CPU integrally controls the speech
decoding device 24m by loading and executing a predetermined computer
program (such as a computer program for performing processes illustrated in
the flowchart of FIG 43) stored in a built-in memory of the speech decoding
device 24m such as the ROM into the RAM. The communication device of  15
the speech decoding device 24m receives the encoded multiplexed bit stream
and outputs a decoded speech signal to outside the speech decoding device
24m. The speech decoding device 24m, as illustrated in FIG 42, includes the
bit stream separating unit 2a7 and the time slot selecting unit 3a1 instead
of the bit stream separating unit 2a3 and the 20time slot selecting unit 3a
of the speech decoding device 24q of the modification 12. [0188]
(Modification 14 of Fourth Embodiment) A speech decoding device 24n (not
illustrated) of a modification     14 of the fourth embodiment physically
includes a CPU, a ROM, a 25RAM, a communication device, and the like, which
are not illustrated, and the CPU integrally controls the speech decoding
device 24n by 116  



loading and executing a predetermined computer program stored in a built-in
memory of the speech decoding device 24n such as the ROM into the RAM. The
communication device of the speech decoding device 24n receives the encoded
multiplexed bit stream and outputs a  5 decoded speech signal to outside
the speech decoding device 24n. The speech decoding device 24n finctionally
includes the low frequency linear prediction analysis unit 2d1, the signal
change detecting unit 2e1, the high frequency linear prediction analysis
unit 2h1, the linear prediction inverse filter unit 211, and the linear
prediction filter unit 2k3  10 instead of the low frequency linear
prediction analysis unit 2d, the signal change detecting unit 2e, the high
frequency linear prediction analysis unit 2h, the linear prediction inverse
filter unit 2i, and the linear prediction filter unit 2k of the speech
decoding device 24a of the modification 1, and further includes the time
slot selecting unit 3a. 15[0189] (Modification 15 of Fourth Embodiment)
A speech decoding device 24p (not illustrated) of a modification 15 of the
fourth embodiment physically includes a CPU, a ROM, a RAM, a communication
device, and the like, which are not illustrated, and the CPU integrally
controls the speech decoding device 24p by  20 loading and executing a
predetermined computer program stored in a built-in memory of the speech
decoding device 24p such as the ROM into the RAM. The communication device
of the speech decoding device 24p receives the encoded multiplexed bit
stream and outputs a decoded speech signal to outside the speech decoding
device 24p. The 25speech decoding device 24p finctionally includes the time
slot selecting unit 3a1 instead of the time slot selecting unit 3a of the
speech decoding  device 24n of the modification 14. The speech decoding
device 24p also includes a bit stream separating unit 2a8 (not illustrated)
instead of the bit stream separating unit 2a4. [0190] The bit stream
separating unit 2a8 separates the multiplexed bit  5 stream into the SBR
supplementary information and the encoded bit stream as the bit stream
separating unit 2a4, and further into the time slot selection information.
Industrial Applicability [0191] The present invention provides a technique
applicable to the 



10 bandwidth extension technique in the frequency domain represented by
SBR, and to reduce the eminence of pre-echo and post-echo and improve the
subjective quality of the decoded signal without significantly increasing
the bit rate. Reference Signs List 15[0192] 11, 11a, 11b, 11e, 12, 12a,
12b, 13, 14, 14a, 14bspeech encoding device lafrequency transform unit
lbfrequency inverse transform unit lccore codee encoding unit 201 dSBR
encoding unit le, lel linear prediction analysis unit iffilter strength
parameter calculating unit lflfilter strength parameter calculating unit
hg, lgl, 1g2, 1g3, 1g4, 1g5, 1g6, 1g7 bit stream multiplexing 25unit lhhigh
frequency inverse transform unit 



iishort-term power calculating unit ljlinear prediction coefficient
decimation unit lklinear prediction coefficient quantizing unit lmtemporal
envelope calculating unit 5inenvelope shape parameter calculating unit lp,
lpltime slot selecting unit 21, 22, 23, 24, 24b, 24cspeech decoding device
2a, 2a1, 2a2, 2a3, 2a5, 2a6, 2a7bit stream separating unit 2bcore codec
decoding unit 102cfrequency transform unit 2d, 2dllow frequency linear
prediction analysis unit 2e, 2e1 signal change detecting unit 2ffilter
strength adjusting unit 



2ghigh frequency generating unit 152h, 2h1high frequency linear prediction
analysis unit 2i, 2i1 linear prediction inverse filter unit 2j, 2j1, 232,
2j3, 2j4 high frequency adjusting unit 2k, 2k1, 2k2, 2k3linear prediction
filter unit 2mcoefficient adding unit 202nfrequency inverse transform unit
2p, 2p1 linear prediction coefficient interpolation/extrapolation unit
2rlow frequency temporal envelope calculating unit 2senvelope shape
adjusting unit 252thigh frequency temporal envelope calculating unit
2utemporal envelope smoothing unit  



2v, 2v1 temporal envelope shaping unit 2wsupplementary information
conversion unit 2z1, 2z2, 2z3, 2z4, 2z5, 2z6 individual signalcomponent
adjusting unit 53a, 3al, 3a2 time slot selecting unit  CLAIMS 1. A speech
encoding device for encoding a speech signal, the speech encoding device
comprising:             core encoding means for encoding a low frequency
component 5of the speech signal;      temporal envelope supplementary
information calculating means for calculating temporal envelope
supplementary information to obtain an approximation of a temporal envelope
of a high frequency component of the speech signal by using a temporal
envelope of the low 10frequency component of the speech signal; and
bit stream multiplexing means for generating a bit stream in which at least
the low frequency component encoded by the core encoding means and the
temporal envelope supplementary information calculated by the temporal
envelope supplementary information 15calculating means are multiplexed. 2.
The speech encoding device according to Claim 1, wherein the temporal
envelope supplementary information represents a parameter indicating a
sharpness of variation in the temporal envelope of the high 



20frequency component of the speech signal in a predetermined analysis
interval.     3. The speech encoding device according to Claim 2, further
comprising frequency transform means for transforming the speech 25signal
into a frequency domain, wherein the temporal envelope supplementary
information calculating  means calculates the temporal envelope
supplementary information based on high frequency linear prediction
coefficients obtained by performing linear prediction analysis in a
frequency direction on coefficients in high frequencies of the speech
signal transformed into 5the frequency domain by the frequency transform
means. 4.The speech encoding device according to Claim 3, wherein the
temporal envelope supplementary information calculating means performs
linear prediction analysis in a frequency direction on  10 coefficients in
low frequencies of the speech signal transformed into the frequency domain
by the frequency transform means to obtain low frequency linear prediction
coefficients, and calculates the temporal envelope supplementary
information based on the low frequency linear prediction coefficients and
the high frequency linear prediction 15coefficients, S.The speech encoding
device according to Claim 4, wherein the temporal envelope supplementary
information calculating means 



obtains prediction gains from the low frequency linear prediction  20
coefficients and the high frequency linear prediction coefficients,
respectively, and calculates the temporal envelope supplementary
information based on magnitudes of the prediction gains. 6.The speech
encoding device according to Claim 2, wherein the 25temporal envelope
supplementary information calculating means separates the high frequency
component from the speech signal, obtains 122  temporal envelope
information represented in a time domain from the high frequency component,
and calculates the temporal envelope supplementary information based on a
magnitude of temporal variation of the temporal envelope information. - 5
7. The speech encoding device according to Claim 1, wherein the temporal
envelope supplementary information includes differential information for
obtaining high frequency linear prediction coefficients by using low
frequency linear prediction coefficients obtained by 10  performing linear
prediction analysis in a frequency direction on the low frequency component
of the speech signal. 8. The speech encoding device according to Claim 7,
further comprising: 15frequency transform means for converting the speech
signal into a frequency domain; wherein 



the temporal envelope supplementary information calculating means performs
linear prediction analysis in a frequency direction on each of the low
frequency component and the high frequency 20 component of the speech
signal transformed into the frequency domain by the frequency transform
means to obtain low frequency linear prediction coefficients and high
frequency linear prediction coefficients, and obtains the differential
information by obtaining differences between the low frequency linear
prediction coefficients and the high 25frequency linear prediction
coefficients.   9. The speech encoding device according to Claim 8, wherein
the differential information represents differences between linear
prediction coefficients in at least any domain of LSP (Linear Spectrum
Pair), 1SP (Immittance Spectrum Pair), L SF (Linear Spectrum Frequency),
ISF 5(Immittance Spectrum Frequency), mid PARCOR coefficient. 10. A speech
encoding device for encoding a speech signal, the speech encoding device
comprising:              core encoding means for encoding a low frequency
component 10of the speech signal;          frequency transform means for
converting the speech signal into a frequency domain;       linear
prediction analysis means for performing linear prediction analysis in a
frequency direction on coefficients in high frequencies of  15 the speech
signal transformed into the frequency domain by the frequency transform
means to obtain high frequency linear prediction coefficients;
prediction coefficient decimation means for decimating the high frequency
linear prediction coefficients obtained by the linear prediction 20analysis
means in a temporal direction; 



prediction coefficient quantizing means for quantizing the high frequency
linear prediction coefficients decimated by the prediction coefficient
decimation means; and              bit stream multiplexing means for
generating a bit stream in 25which at least the low frequency component
encoded by the core encoding means and the high frequency linear prediction
coefficients   quantized by the prediction coefficient quantizing means are
multiplexed. 11.A speech decoding device for decoding an encoded speech
5signal, the speech decoding device comprising;        bit stream
separating means for separating a bit stream that includes the encoded
speech signal into an encoded bit stream and temporal envelope
supplementary information, the bit stream received from outside the speech
decoding device; 10core decoding means for decoding the encoded bit stream
separated by the bit stream separating means to obtain a low frequency
component;          frequency transform means for transforming the low
frequency component obtained by the core decoding means into a frequency
15domain;      high frequency generating means for generating a high
frequency component by copying the low frequency component transformed into
the frequency domain by the frequency transform means from a low frequency
band to a high frequency band; 



20low frequency temporal envelope analysis means for analyzing the low
frequency component transformed into the frequency domain by the frequency
transform means to obtain temporal envelope information;          temporal
envelope adjusting means for adjusting the temporal 25envelope information
obtained by the low frequency temporal envelope analysis means by using the
temporal envelope supplementary  information; and      temporal envelope
shaping means for shaping a temporal envelope of the high frequency
component generated by the high frequency generating means by using the
temporal envelope information 5adjusted by the temporal envelope adjusting
means. 19.The speech decoding device according to Claim 11, further
comprising:               high frequency adjusting means for adjusting the
high frequency 10component; wherein       the frequency transform means is
a 64-division QMF filter bait with real or complex coefficients, and 



the frequency transform means, the high frequency generating means, and the
high frequency adjusting means operate based on a 15Spectral Band
Replication (SBR) decoder for "IVIPEG4 AAC" defined in ISO/IEC 14496-3".
13.The speech decoding device according to Claim 11 or 12, wherein 20the
low frequency temporal envelope analysis means performs linear prediction
analysis in a frequency direction on the low frequency component
transformed into the frequency domain by the frequency transform means to
obtain low frequency linear prediction coefficients, the temporal envelope
adjusting means adjusts the low 25frequency linear prediction coefficients
by using the temporal envelope supplementary information, and          the
temporal envelope shaping means performs linear prediction filtering in a
frequency direction on the high frequency component in the frequency domain
generated by the high frequency generating means, by using linear
prediction coefficients adjusted by the temporal 5envelope adjusting means,
to shape a temporal envelope of a speech signal. 



14. The speech decoding device according to Claim 11 or 12, wherein 10the
low frequency temporal envelope analysis means obtains temporal envelope
information of a speech signal by obtaining power of each time slot of the
low frequency component transformed into the frequency domain by the
frequency transform means,           the temporal envelope adjusting means
adjusts the temporal 15envelope information by using the temporal envelope
supplementary information, and the temporal envelope shaping means
convolves the high frequency component in the frequency domain generated by
the high         frequency generating means to shape the temporal envelope
of the high 20frequency component with the adjusted temporal envelope
information. 15. The speech decoding device according to Claim 11 or 12,
wherein           the low frequency temporal envelope analysis means
obtains 



25temporal envelope information of a speech signal by obtaining power of
each QMF subband sample of the low frequency component  transformed into
the frequency domain by the frequency transform means,          the
temporal envelope adjusting means adjusts the temporal envelope information
by using the temporal envelope supplementary 5information, and       the
temporal envelope shaping means shapes the temporal envelope of the high
frequency component by multiplying the high frequency component in the
frequency domain generated by the high frequency generating means by the
adjusted temporal envelope 10information.  16. The speech decoding device
according to Claim 13, wherein the temporal envelope supplementary
information represents a filter strength parameter used for adjusting a
strength of the linear prediction 15coefficients.  17. The speech decoding
device according to Claim 14 or 15, wherein the temporal envelope
supplementary information represents a parameter indicating a magnitude of
temporal variation of the temporal 20envelope information.  18. The speech
decoding device according to Claim 13, wherein the temporal envelope
supplementary information includes differential information of the linear
prediction coefficients with respect to the low 25frequency linear
prediction coefficients. 



19. The speech decoding device according to Claim 18, wherein the
differential information represents differences between linear prediction
coefficients in at least any domain of LSP (Linear Spectrum Pair), ISP
(Immittance Spectrum Pair), LSF (Linear Spectrum Frequency), ISF
5(Immittance Spectrum Frequency), and PARCOR coefficient. 20. The speech
decoding device according to Claim 11 or 12, wherein the low frequency
temporal envelope analysis means performs  10 linear prediction analysis in
a frequency direction on the low frequency component transformed into the
frequency domain by the frequency transform means to obtain low frequency
linear prediction coefficients, and obtains power of each time slot of the
low frequency component in the frequency domain to obtain temporal envelope
information of a 15speech signal,       the temporal envelope adjusting
means adjusts the low frequency linear prediction coefficients by using the
temporal envelope supplementary information and adjusts the temporal
envelope information by using the temporal envelope supplementary
information, 20and      the temporal envelope shaping means performs linear
prediction filtering in a frequency direction on the high frequency
component in the frequency domain generated by the high frequency
generating means by using the linear prediction coefficients adjusted by
the 25temporal envelope adjusting means to shape a temporal envelope of the
speech signal, and shapes the temporal envelope of the high frequency
component by convolving the high frequency component in the frequency
domain with the temporal envelope information adjusted by the temporal
envelope adjusting means. 



521.The speech decoding device according to Claim 11 or 12, wherein
the low frequency temporal envelope analysis means performs linear
prediction analysis in a frequency direction on the low frequency component
transformed into the frequency domain by the frequency  10 transfonti means
to obtain low frequency linear prediction coefficients, and obtains
temporal envelope information of a speech signal by obtaining power of each
QIVLF subband sample of the low frequency component in the frequency
domain, the temporal envelope adjusting means adjusts the low  15 frequency
linear prediction coefficients by using the temporal envelope supplementary
information and adjusts the temporal envelope information by using the
temporal envelope supplementary information, and the temporal envelope
shaping means performs linear prediction  20 filtering in a frequency
direction on a high frequency component in the frequency domain generated
by the high frequency generating means by using linear prediction
coefficients adjusted by the temporal envelope adjusting means to shape a
temporal envelope of the speech signal, and shapes the temporal envelope of
the high frequency component by multiplying the high frequency component in
the frequency domain by the temporal envelope information adjusted by the
temporal envelope  adjusting means.  22. The speech decoding device
according to Claim 20 or 21, wherein the temporal envelope supplementary
information represents a  5 parameter indicating both filter strength of
the linear prediction coefficients and a magnitude of temporal variation of
the temporal envelope information.  23. A speech decoding device for
decoding an encoded speech 10signal, the speech decoding device comprising:



bit stream separating means for separating a bit stream that includes the
encoded speech signal into an encoded bit stream and linear prediction
coefficients, the bit stream received from outside the speech decoding
device; 15linear prediction coefficient interpolation/extrapolation means
for interpolating or extrapolating the linear prediction coefficients in a
temporal direction; and          temporal envelope shaping means for
performing linear prediction filtering in a frequency direction on a high
frequency  20 component represented in a frequency domain by using the
interpolated or extrapolated linear prediction coefficients to shape a
temporal envelope of a speech signal.  24. A speech encoding method using a
speech encoding device for 25encoding a speech signal, the speech encoding
method comprising: a core encoding step in which the speech encoding device
encodes a low frequency component of the speech signal,       a temporal
envelope supplementary information calculating step in which the speech
encoding device calculates temporal envelope supplementary information for
obtaining an approximation of a  5 temporal envelope of a high frequency
component of the speech signal by using a temporal envelope of a low
frequency component of the speech signal, and          a bit stream
multiplexing step in which the speech encoding device generates a bit
stream in which at least the low frequency  10 component encoded in the
core encoding step and the temporal envelope supplementary information
calculated in the temporal envelope supplementary information calculating
step are multiplexed. 25.A speech encoding method using a speech encoding
device for 



15encoding a speech signal, the speech encoding method comprising:       a
core encoding step in which the speech encoding device encodes a low
frequency component of the speech signal;       a frequency transform step
in which the speech encoding device converts the speech signal into a
frequency domain; 20a linear prediction analysis step in which the speech
encoding device obtains high frequency linear prediction coefficients by
performing linear prediction analysis in a frequency direction on
coefficients in high frequencies of the speech signal transformed into the
frequency domain in the frequency transform step; 25a prediction
coefficient decimation step in which the speech encoding device decimates
the high frequency linear prediction  coefficients obtained in the linear
prediction analysis means step in a temporal direction;      a prediction
coefficient quantizing step in which the speech encoding device quanties
the high frequency linear prediction 5coefficients decimated in the
prediction coefficient decimation means step; and      a bit stream
multiplexing step in which the speech encoding device generates a bit
stream in which at least the low frequency component encoded in the core
encoding step and the high frequency 10linear prediction coefficients
quantized in the prediction coefficient 



quantizing step are multiplexed. 26.A speech decoding method using a speech
decoding device for        decoding an encoded speech signal, the speech
decoding method 15comprising:      a bit stream separating step in which
the speech decoding device separates a bit stream that includes the encoded
speech signal into an encoded bit stream and temporal envelope
supplementary information, the bit stream received from outside the speech
decoding device;  20 a core decoding step in which the speech decoding
device obtains a low frequency component by decoding the encoded bit stream
separated in the bit stream separating step;          a frequency transform
step in which the speech decoding device transfolins the low frequency
component obtained in the core decoding 25step into a frequency domain; a
high frequency generating step in which the speech decoding  device
generates a high frequency component by copying the low frequency component
transformed into the frequency domain in the frequency transform step from
a low frequency band to a high frequency band; 5a low frequency temporal
envelope analysis step in which the speech decoding device obtains temporal
envelope information by analyzing the low frequency component transformed
into the frequency domain in the frequency transform step; a temporal
envelope adjusting step in which the speech decoding 



10 device adjusts the temporal envelope information obtained in the low
frequency temporal envelope analysis step by using the temporal envelope
supplementary information; and      a temporal envelope shaping step in
which the speech decoding device shapes a temporal envelope of the high
frequency component  15 generated in the high frequency generating step by
using the temporal envelope information adjusted in the temporal envelope
adjusting step. 27.A speech decoding method using a speech decoding device
for        decoding an encoded speech signal, the speech decoding method
20 comprising:      a bit stream separating step in which the speech
decoding device separates a bit stream that includes the encoded speech
signal into an encoded bit stream and a linear prediction coefficients, the
bit stream received from outside the speech decoding device; 25a linear
prediction coefficient interpolating/extrapolating step in which the speech
decoding device interpolates or extrapolates the linear  prediction
coefficient in a temporal direction; and       a temporal envelope shaping
step in which the speech decoding device shapes a temporal envelope of a
speech signal by performing linear prediction filtering in a frequency
direction on a high frequency  5 component represented in a frequency
domain by using the linear prediction coefficients interpolated or
extrapolated in the linear prediction coefficient
interpolating/extrapolating step. 28. A speech encoding program for
encoding a speech signal 10causing a computer device to function as: 



core encoding means for encoding a low frequency component of the speech
signal;       temporal envelope supplementary information calculating means
for calculating temporal envelope supplementary information to obtain  15
an approximation of a temporal envelope of a high frequency component of
the speech signal by using a temporal envelope of the low frequency
component of the speech signal; and       bit stream multiplexing means for
generating a bit stream in which at least the low frequency component
encoded by the core  20 encoding means and the temporal envelope
supplementary information calculated by the temporal envelope supplementary
information calculating means are multiplexed. 29. A speech encoding
program for encoding a speech signal 25causing a computer device to
function as: core encoding means for encoding a low frequency component  of
the speech signal;       frequency transform means for transforming the
speech signal into a frequency domain; linear prediction analysis means for
performing linear prediction  5 analysis in a frequency direction on
coefficients in high frequencies of the speech signal transformed into the
frequency domain by the frequency transform means to obtain high frequency
linear prediction coefficients;          prediction coefficient decimation
means for decimating the high 



10frequency linear prediction coefficients obtained by the linear
prediction analysis means in a temporal direction;       prediction
coefficient quantizing means for quantizing the high frequency linear
prediction coefficients decimated by the prediction coefficient decimation
means; and 15bit stream multiplexing means for generating a bit stream in
which at least the low frequency component encoded by the core encoding
means and the high frequency linear prediction coefficient quantized by the
prediction coefficients quantizing means are multiplexed. 20 30.A speech
decoding program for decoding an encoded speech signal causing a computer
device to function as:      bit stream separating means for separating a
bit stream that includes the encoded speech signal into an encoded bit
stream and 25temporal envelope supplementary information, the bit stream
received from outside the speech decoding program;          core decoding
means for decoding the encoded bit steam to obtain a low frequency
component;         frequency transform means for transforming the low
frequency component obtained by the core decoding means into a frequency 



5domain;      high frequency generating means for generating a high
frequency component by copying the low frequency component transformed into
the frequency domain by the frequency transform means from a low frequency
band to a high frequency band; 10low frequency temporal envelope analysis
means for analyzing the low frequency component transformed into the
frequency domain by the frequency transform means to obtain temporal
envelope information; temporal envelope adjusting means for adjusting the
temporal  15 envelope information obtained by the low frequency temporal
envelope analysis means by using the temporal envelope supplementary
information; and temporal envelope shaping means for shaping a temporal
envelope of the high frequency component generated by the high 20frequency
generating means by using the temporal envelope information adjusted by the
temporal envelope adjusting means. 31.A speech decoding program for
decoding an encoded speech signal causing a computer device to function as:
25bit steam separating means for separating a bit stream that includes the
encoded speech signal into an encoded bit stream and a 



linear prediction coefficient, the bit stream received from outside the
speech decoding program;              linear prediction coefficient
interpolation/extrapolation means for interpolating or extrapolating the
linear prediction coefficients in a 5temporal direction; and       temporal
envelope shaping means for performing linear prediction filtering in a
frequency direction on a high frequency component represented in a
frequency domain, the linear prediction filtering performed using linear
prediction coefficients interpolated or  10 extrapolated by the linear
prediction coefficient interpolation/extrapolation means to shape a
temporal envelope of a speech signal .  32. The speech decoding device
according to Claim 13, 20 or 21,  15 wherein the temporal envelope shaping
means, after performing the linear prediction filtering in the frequency
direction on the high frequency component in the frequency domain generated
by the high frequency generating means, adjusts power of the filtered high
frequency component obtained as a result of the linear prediction
20filtering to a value equivalent to that before the linear prediction
filtering.  33. The speech decoding device according to Claim 13, 20 or 21,
wherein the temporal envelope shaping means, after performing the 25linear
prediction filtering in the frequency direction on the high frequency
component in the frequency domain generated by the high 



frequency generating means, adjusts power in a certain frequency range of
the filtered high frequency component obtained as a result of the linear
prediction filtering to a value equivalent to that before the linear
prediction filtering. 5  34. The speech decoding device according to Claim
14, 15, 20, 21, 32 or 33, wherein the temporal envelope supplementary
information is a ratio of a minimum value of the adjusted temporal envelope
information to an average value of the adjusted temporal envelope
information. 10  35. The speech decoding device according to Claim 14, 15,
20, 21 or any one of Claims 32 to 34, wherein the temporal envelope shaping
means, after controlling a gain of the adjusted temporal envelope so that
power of the high frequency component in the frequency domain in an 15 SBR
envelope time segment is equivalent before and after shaping of the
temporal envelope, shapes the temporal envelope of the high frequency
component by multiplying the high frequency component in the frequency
domain by the temporal envelope of the high frequency component whose gain
is controlled. 20  36. The speech decoding device according to Claim 12,
14, 15, 17, 20, 21 or any one of Claims 32 to 35, wherein the low frequency
temporal envelope analysis means obtains power of each of a plurality of
QMF subband samples of the low frequency component transformed 25to the
frequency domain by the frequency transform means, and obtains temporal
envelope information represented as a gain coefficient to be  multiplied by
each of the QMF subband samples, by normalizing the power of each of the
QMF subband samples by using average power in an SBR envelope time segment.
537.A speech decoding device for decoding an encoded speech 



signal, the speech decoding device comprising:       core decoding means
for decoding a bit stream that includes the encoded speech signal to obtain
a low frequency component, the bit stream received from outside the speech
decoding device; 10frequency transform means for transforming the low
frequency component obtained by the core decoding means into a frequency
domain;       high frequency generating means for generating a high
frequency component by copying the low frequency component 15transformed
into the frequency domain by the frequency transform means from a low
frequency band to a high frequency band;       low frequency temporal
envelope analysis means for analyzing the low frequency component
transformed into the frequency domain by the frequency transform means to
obtain temporal envelope 20information;       temporal envelope
supplementary information generating means for analyzing the bit stream to
generate temporal envelope supplementary information;           temporal
envelope adjusting means for adjusting the temporal 25envelope information
obtained by the low frequency temporal envelope analysis means by using the
temporal envelope supplementary  



infonnation; and       temporal envelope shaping means for shaping a
temporal envelope of the high frequency component generated by the high
frequency generating means using the temporal envelope information
5adjusted by the temporal envelope adjusting means.  38. The speech
decoding device according to any one of Claims 11 to 22 or 32 to 37,
wherein           the speech decoding device includes primary high
frequency 10adjusting means and secondary high frequency adjusting means,
both corresponding to the high frequency adjusting means,          the
primary high frequency adjusting means executes a process including a part
of a process corresponding to the high frequency adjusting means, 15the
temporal envelope shaping means shapes a temporal envelope of an output
signal of the primary high frequency adjusting means, and the secondary
high frequency adjusting means executes a        process not executed by
the primary high frequency adjusting means 20among processes corresponding
to the high frequency adjusting means on an output signal of the temporal
envelope shaping means. 



39. The speech decoding device according to Claim 38, wherein the secondary
high frequency adjusting means is an addition process of a 25sine wave
during SBR decoding. 












