
1 TITLE OF THE INVENTION Speech Decoding Method and Apparatus BACKGROUND OF
THE INVENTION Field of the Invention This invention relates to a method and
apparatus for decoding an encoded signal obtained on
orthogonal-transforming an input signal. Description of the Related Art
There have hitherto been known a variety of encoding methods in which audio
signals inclusive of speech signals and acoustic signals are compressed by
exploiting statistic properties of the audio signals in the time domain and
in the frequency domain and psychoacoustic characteristics of the human
being. This encoding method is roughly classified into encoding in the time
domain, encoding in the frequency domain and analysis synthesis encoding.
Meanwhile, in reproducing video signals at a double speed or at a lower
speed in, for example, a video apparatus, it has recently been thought to
be desirable that the speech signals be reproduced at a constant speed
irrespective of the reproducing speed of the video signals. That is, if the
speech signals are recorded in a timed relation with the video signals, and
if the video signals are reproduced with a one-half speed, the speech
signals are also reproduced with a double speed and hence are changed in
pitch. Thus it becomes necessary to perform signal compression along time
axis taking into account the zero-crossing point for restoring the   



2 pitch of the speech signal to the pitch of the original usual reproducing
speed. With the high-efficiency speech encoding method by the above-
mentioned time-axis processing as typified by code excited linear
prediction (CBLP) encoding, processing of fast modification along the time
axis, that is compression along time axis, has been difficult to achieve
because of voluminous processing operations involved in a decoder output.
SUMMARY OF THE INVENTION It is therefore an object of the present invention
to provide a signal decoding method and apparatus whereby the speech signal
reproducing speed can be controlled easily with a high sound quality
without changing the phoneme or pitch. In one aspect, the present invention
provides a signal decoding method including a step of finding linear or
non-linear prediction residuals of an input signal and performing
orthogonal transform on the linear or non-linear prediction residuals thus
found for entering orthogonal transform  coefficient data obtained at a
rate of N coefficient data per transform unit, a data number converting
step of converting the number of the orthogonal transform coefficient data
from N to M and a predictive synthesis step of performing predictive
synthesis based on the linear or non-linear prediction residuals obtained
by the data number conversion step. With the present data decoding method,
the number of orthogonal transform coefficient data, obtained on orthogonal



3 transforming linear/non-linear prediction residuals of the input signal,
such as so-called short-term prediction residuals or pitch residuals freed
of pitch components, is converted in the data number converting step from N
to M, that is the number of data is increased by a factor of M/N. The
orthogonal transform coefficient data, converted into the M/N-tuple data by
the data number converting step, is inverse orthogonal-transformed in the
inverse - orthogonal transform  step.  The inverse orthogonal-transformed
linear/non-linear prediction residuals from the inverse transform step are
synthesized in the synthesis step to form an output signal, as a result of
which the output signal reproducing speed becomes equal to N/M times the
reproducing speed in the absence of a data conversion processing for the
input signal. With the signal decoding method according to the present
invention, the number of orthogonal transform coefficient data, supplied
after short-term predictive analysis of the input signal and orthogonal
transform of the resulting linear/non-linear prediction residuals, may be
easily converted into a different number of data. Stated differently, the
reproducing speed can be controlled easily. In another aspect, the present
invention provides a signal decoding apparatus including means for finding
linear or non-linear prediction residuals of an input signal and performing
orthogonal transform on the linear or non-linear prediction residuals thus
found for entering orthogonal transform coefficient data obtained at a rate
of N coefficient data per transform unit, data number converting 



4 means for converting the number of the orthogonal transform coefficient
data from N to M; inverse orthogonal transform means for inverse
orthogonal transforming  M  orthogonal transform coefficient data obtained
by the data number conversion means and predictive synthesis means for
performing predictive synthesis based on the linear or non-linear
prediction residuals obtained by the data number conversion means. With the
present data decoding apparatus, the data number converting means converts
the number of orthogonal transform coefficient data, obtained on orthogonal
transforming linear/non- linear prediction residuals of the input signal,
such as so-called short-term prediction residuals or pitch residuals freed
of pitch components, from N to M, that is increases the number of data by a
factor of M/N. The inverse orthogonal transform means inverse
orthogonal-transforms the orthogonal transform coefficient data converted
into the M/N tuple data obtained by the data number converting  means.  The
synthesis  means  synthesizes  inverse orthogonal-transformed
linear/non-linear prediction residuals from the inverse transform step to
form an output signal. The result is that the output signal reproducing
speed is N/M times the reproducing speed in the absence of a data
conversion processing for the input signal. With the signal decoding
apparatus, the number of orthogonal transform coefficient data, supplied
after short-term predictive 



analysis of the input signal and orthogonal transform of the    5 resulting
linear/non-linear prediction residuals, may be easily converted into a
different number of data by addition of a simplified structure. Stated
differently, the  reproducing  speed  can  be controlled easily. BRIEF
DESCRIPTION OF THE DRAWINGS Fig.1 is a block diagram showing an
illustrative structure of a signal decoder and a signal encoder configured
for formulating transmission data entering the signal decoder. Fig.2 is a
flowchart for illustrating the detailed operation of the signal decoding
method according to the present invention. Fig.3 illustrates an example of
a data conversion step in the signal decoding method according to the
present invention. Fig.4 illustrates another example of a data conversion
step in the signal decoding method according to the present invention.
Fig.5 is a block diagram showing a detailed structure of the signal
encoder. Fig.6 is a block diagram showing a detailed structure of the
signal decoder. Fig.7 illustrates an example of the speech signal entering
the speech encoder. Fig.8 illustrates speech signals obtained on processing
the speech signals with the signal decoder. Fig.9 is a block diagram
showing the structure of a transmitter 



of a portable terminal employing the speech encoder according to the
present invention.    6 Fig.10 is a block diagram showing the structure of
a receiver of a portable terminal employing the speech decoder according to
the present invention. DESCRIPTION OF THE PREFERRED EMBODIMENTS Referring
to the drawings, preferred embodiments of the signal decoding method and
apparatus of the present invention will be explained in detail. Referring
to Fig.1, a signal decoding apparatus (decoder) includes a data number
converter 6 for converting the number of orthogonal transform coefficient
data from N to M, an inverse orthogonal transform unit 6 for inverse
orthogonal-transforming the M number of the orthogonal transform
coefficient data obtained by the data number converter 5, and a linear
predictive coding (LPC) synthesis filter 7 for performing predictive coding
based on the short-term prediction residuals obtained by the inverse
orthogonal transform unit 6. In the signal decoder, linear/non-linear
prediction residuals, for example, short-term prediction residuals, are
found for the input signal, and orthogonal-transformed to form orthogonal
transform coefficient data at a rate of N coefficient data per transform
unit. This N number of the orthogonal transform coefficient data are
supplied via a transmission signal input terminal 13 to the data number
converter 13 so as to be converted into the 



M number of coefficient data. A signal encoding apparatus (encoder) for
supplying data to the above-mentioned signal decoder is first explained.
7 The speech signal, that is an input signal, entering an input terminal
11, is filtered by an LPC inverted filter 1 with, for example, short-term
predictive filtering by the linear predictive analysis (LPC) method, for
finding short-term prediction residuals, that is LPC residuals. These LPC
residuals are orthogonal- transformed by an orthogonal transform unit 2.
The orthogonal- transformed speech signals are quantized by a quantizer 3
for conversion into a signal for transmission (transmission signal) which
is outputted at a signal output terminal 12. The quantized speech signal is
recorded on a recording medium .or transmitted using a transmission system,
such as an optical fiber. Before proceeding to description of the signal
decoder, the signal decoding method applied to the signal decoder is
explained by referring to the flowchart of Fig.2. The signal decoding
method has a step 4, as a data number conversion  step  for converting  the
number of the orthogonal transform coefficient data from N to M, a step S6,
as an inverse transform step of inverse transforming the M number of the
orthogonal transform coefficient data obtained by the data number
conversion step, and a step S7, as a synthesis step of performing
predictive synthesis based on short-term prediction residuals 



obtained by the inverse conversion step. In the decoding method,
linear/non-linear prediction residuals, for example, short-term prediction
residuals, are found for the input signal, and orthogonal- transformed to
form orthogonal transform coefficient data at a rate    8 of N  coefficient
data  per transform   unit.   These  orthogonal transform data are supplied
to the data number converting step (step S4) where the number of the
orthogonal transform data is converted from N to M. It is assumed that, for
discrete Fourier transform (DFT) pairs, obtained   on   discrete   Fourier
transforming,  as  orthogonal transforming, that is x(n), there exist data
X(k), where n = 0, N-1 and k = 0, ..., N-1. With the signal decoding
method, if X'(k) represented by the following equation (1): [err]    9 (2)
The equation (2) specifies that x'(n) represents conversion of x(n) with a
period N and with n=O, ..., N-1. If the N number of orthogonal-transformed,
that is DFTed, orthogonal transform coefficient data or amplitude data X(k)
are 



expanded/contracted to the number M by pre-set mapping and inverse
orthogonal-transformed, that is inverse DFTed, a waveform having a M/N (=
1) tuple duration is obtained. By overlap-adding the resulting waveform, it
becomes possible to reproduce the speech having the M/N-tuple time duration
on the whole and having the pitch unchanged. In  the  signal  decoding
method,  the  above-mentioned transmission signal enters the transmission
signal input terminal 13 at step S1. The transmission signal is dequantized
at step S2. Then, at step S3, N orthogonal transform coefficient data,
obtained on dequantization, are entered. At step S4, the amplitude data is
cleared to zero and zero- values are added or eliminated to give the target
number of data M, that is, the number of data becomes equal to M/N times as
large as the number of the original data. The M data thus prepared is
termed c(h). At step SS, the zero-values at positions of the M zeros
satisfying the conditions as later explained are replaced by corresponding
amplitude data X(k), as shown by the following equation (3):    10 [err]
(3) where [a] is the maximum integer not exceeding a. The values of the
amplitude data X(k) are used unchanged at this time. In the equation (3),
it is indicated to substitute the post- 



substitution amplitude data c' for the pre-substitution amplitude data c.
As the amplitude data c', the corresponding amplitude data X is employed.
The above-mentioned condition is explained. It is assumed that M/N = 1.5.
As a first example, the sample number of a pre-set one of N sample data is
set to 0, and the sample number i (i = 0 ..., N-1, that is i = 0, .... k)
specifying the arraying sequence towards the high frequency side is
multiplied by M/N, that is 1.5, and the result is half-adjusted (rounded at
0.4 and 0.5 as boundary points). The zero values at the positions
corresponding to the results of half- adjustment are replaced by the
amplitude data X(k). The zero values at the non-replaced positions are used
unchanged. As for X(1), 1 x 1.5 = 1.5 which is half-adjusted to 2. Thus,
X(1) is substituted for c(2) as c'(2). As for c(1), a zero value is left
since there is no associated X(k). As for X(2), 2 x 1.5 = 3 so that X(2) is
substituted for c(3). As for X(3), 3 x 1.5 = 4.5 which is half-adjusted to
5, so that X(3) is substituted for c(5). As for    c(4), a zero value is
left since there is no associated X(k), as in c(1). If, as a second
example, M/N is 1.5, the position following conversion of, for example,
X(1), is 1 x 1.5 = 1.5, which is half- adjusted to 3. X(k) corresponding to
2 is such that k = 2 x (1/1.5) 4/3. Thus, X(k) is over-sampled by 3, as
shown in Fig.4a. The 



over-sampled amplitude data are denoted as [err]. That is, [err] is used as
c'(2) and substituted for c(2). The amplitude data following substitution
are shown in Fig.4b. As for X(2), since 2 x 1.5 = 3, X(2) is substituted
for c(3). As for X(3), 3 x 1.5 = 4.5, which is half-adjusted to 5. As for
[err] substituted for c'(5), since k = 5(1/1.5) = 10/3, it is [err] On the
other hand, c(1)  and c(4), for example, for which there is no
corresponding X(k), that is [err] remain zero. After converting the number
of amplitude data from N to M, processing transfers to step S6 where M
amplitude data are inverse DFTed and thereby transformed into time-domain
signals. At step S7, time-domain signals obtained on inverse DFT processing
are used for synthesizing  speech  signals by LPC  synthesis.   The
resulting speech signals are outputted. If M/N = 1.5, the speech signals
obtained after data number conversion contain a number of data which is 1.5
times the number of data of the speech  signals obtained  without data
number conversion, so that the playback speed is lowered by a factor equal
to a reciprocal of 1.5, that is to 1/1.5 = 0.67. That is, the reproduction
is slowed by 1/3 or approximately 33%. In consideration of the
above-described signal decoding method, the signal decoder is now
explained. The operations of the respective portions associated with the
respective steps of the signal decoding method are specified by the step
numbers. In Fig.1, the dequantizer 4 dequantizes the quantized 



transmission signal entering the transmission signal input terminal 13
(step S2) to output N amplitude data (step S3). The data number converter 5
converts the N amplitude data supplied from the dequantizer 4 to M
amplitude data by the above- described signal decoding method (steps S4 and
S5) and outputs the M amplitude data to the inverse orthogonal transform
unit 6. The inverse orthogonal transform unit 6 inverse orthogonal-
transforms the M amplitude data at step S6 to find LPC residuals. The LPC
synthesis filter 7 synthesizes the LPC at step S7 based on the LPC
residuals to produce speech signals which are sent to an output terminal
14. Fig.5  shows an  embodiment of the  signal encoder for outputting data
to the above signal decoder in further detail. Likewise, Fig.6 shows an
embodiment of the signal decoder in further detail. In Figs. 5 and 6, the
signal encoder finds, as the linear/non- linear prediction residuals of the
input signal, the LPC and pitch residuals freed of the LPC components and
the pitch components.    13 These LPC and pitch residuals are
orthogonal-transformed, for example, DFTed, to produce orthogonal transform
coefficient data. The signal decoder-performs pitch component prediction
and LPC prediction, based on LPC and pitch residuals resulting from inverse
DFT and synthesizes the speech to produce an output signal. Referring to
Fig.5, the speech signal entering an input terminal 



21 (input signal) is sent to an LPC analysis unit 31 and to an LPC inverted
filter 33. The LPC analysis unit 31 performs short-term linear prediction
of the input signal and outputs an LPC parameter specifying the predicted
value to an LPC output terminal 22, a pitch analysis unit 32 and to an LPC
inverted filter 33. The LPC inverted filter 33 outputs residuals, that is
LPC residuals, obtained on subtracting the predicted value of the LPC
parameter from the input signal, to a pitch inverted filter 34. Based on
the LPC parameter, the pitch analysis unit 32 performs auto-correlation
analysis to take out the pitch of the input signal to send the pitch data
to the pitch output terminal 33 and to the pitch inverted filter 34. The
pitch inverted filter 34 subtracts the pitch component from the LPC
residuals to produce LPC and pitch residuals which are then routed to a DFT
unit 35. The DFT unit 35 orthogonal-transforms the LPC and pitch residuals.
In the present embodiment, DFT is used as an example of the orthogonal
transform. The amplitude data, produced on DFTing the LPC and pitch
residuals, are sent to a quantization unit 36,    14 which then quantizes
the amplitude data and sends the quantized amplitude data as transmission
data to a residual output terminal 24. The number of the amplitude data is
N. The LPC parameters outputted at an LPC output terminal 22, pitch data
outputted  at a pitch output terminal 23 and the 



transmission data outputted at the residual output terminal 24, are
recorded on a recording medium or transmitted over a transmission channel
so as to be routed to the signal decoder. In the data decoder, shown in
Fig.6, the transmission data, sent from the residual input terminal 25, is
dequantized by a dequantizer 41 where it is converted into amplitude data
which is routed to a data number converter 42. The data number converter 42
converts the number of the amplitude data from N to M by the
above-described signal decoding method. The M amplitude data are sent to an
inverse DFT unit 43. The inverse DFT unit 43 transforms the M amplitude
data by inverse DFT to find LPC and pitch residuals which are sent to an
overlap-and-add unit 44. The number of data of the LPC and pitch residuals
is M/N times the number of the data of the LPC and pitch residuals
outputted by the pitch inverted filter 34. The overlap-and-add unit 44
overlap-adds the LPC and pitch residuals between neighboring blocks to
produce LPC and pitch residuals containing distortion components in a
reduced amount. These residuals are sent to a pitch synthesis filter 45.
Based on the pitch data sent from a pitch input terminal 26,    15 the
pitch synthesis filter 45 calculates the pitch from the pitch residual
components of the pitch residuals and the LPC and sends the LPC residuals
containing the pitch components to an LPC synthesis filter 46. 



Based on the LPC parameters, sent from  the LPC synthesis filter performs
short-term   prediction  synthesis, that is  LPC synthesis, of speech
signals, and sends the resulting speech signal to an output terminal 28.
The speech signal, sent to the output terminal 28, is the speech signal of
which the number of data on the frequency axis is M/N that of the input
signal. That is, the speech signals take the playback time M/N times as
long as that for the input signal. That is, the playback speed is lowered
by a factor of N/M. Figs.7 and 8 show an example of the speech signals
processed by the above-described signal encoder and signal decoder. Thus,
Fig.7 shows the signal spectrum on the time axis of the signal prior to
orthogonal transform by the signal encoder, that is prior to data number
conversion. Fig.7 shows the speech signal having 160 samples per frame.
Fig.8 shows the signal spectrum on the time axis of the signal subsequent
to inverse orthogonal transform by the signal decoder, that is subsequent
to data number conversion. Figs.7 and 8 indicate that, after the number of
data of the orthogonal transform coefficients is increased by a factor of
1.5 by data number conversion by the signal decoder, a frame of the
spectrum after inverse orthogonal transform has the number of    16 samples
which is increased by a factor of 1.5. That is, the spectrum after the
inverse orthogonal transform is the speech signal containing 240 samples
per frame. 



The present invention is not limited to illustrative embodiments of the
signal decoding method and apparatus described above, but may comprise
various modifications. For example, the method for orthogonal transform of
the input signal may also be discrete cosine transform, instead of discrete
Fourier transform, for achieving the effect of the present invention. The
rate of data number conversion M/N may be any arbitrary number instead of
1.5 as described above.  If the ratio M/N is larger than 1, the data number
is increased thus decreasing the playback speed, whereas, if the ratio M/N
is smaller than 1, the number of data is decreased, thus increasing the
playback speed. The linear/ non-linear analysis performed before conversion
to the orthogonal transform coefficient data entering the signal decoder
may also be prediction analysis other than short-term prediction and pitch
analysis as described above for achieving the same result. The
above-described signal encoder and signal decoder may be used as a speech
codec employed for e.g., a portable communication terminal or a portable
telephone shown for example in Figs.9 and 10. That is, Fig.9 shows a
configuration of a portable terminal employing a speech encoding unit 160
having the configuration shown in Fig.1. The speech signal collected by a
microphone 161 of    17 Fig.9 is amplified by an amplifier 162 and
converted by an A/D converter 163 into a digital signal which is sent to
the speech 



encoding unit 160. The speech encoding unit 160 has the configuration shown
in Fig.1 in which the digital signal from the A/D converter 163 is entered
to an input terminal 101. The speech encoding unit performs encoding as
explained in connection with Fig.1 so that an output signal from each of
the output terminals of Fig.1 is sent as an output signal of the speech
encoding unit 160 to a transmission path encoding unit 164 which performs
channel decoding. An output signal of the transmission path encoding unit
164 is sent to a modulation circuit 165 for modulation and sent via a D/A
converter 166 and an RF amplifier 167 to a antenna 168. Fig.10 shows the
configuration of the reception side of the portable terminal employing a
speech decoding unit 260 configured as shown in Fig.5. The speech signal
received by an antenna 261 of Fig.10 is amplified by an RF amplifier 262
and sent via an AID converter 263 to  a demodulation  circuit 264. The
resulting demodulated signal from the demodulating unit 264 is sent to a
transmission path decoding unit 260 configured as shown for example in
Fig.5. An output of an output terminal 201 of Fig.5 is sent as a signal
from the speech decoding unit 260 to a DIA converter 266. An analog speech
signal from the D/A converter 266 is sent to a speaker 268.    CLAIMS Claim
1. A signal decoding method comprising: a step of finding linear or
non-linear prediction residuals of an input signal and performing
orthogonal transform on the linear 



or non-linear prediction residuals thus found for entering orthogonal
transform coefficient data obtained at a rate of N coefficient data per
transform unit; a data number converting step of converting the number of
said orthogonal transform coefficient data from N to M; and a predictive
synthesis step of performing predictive synthesis based on the linear or
non-linear prediction residuals obtained by said data number conversion
step. Claim 2. The signal decoding method as claimed in claim 1 wherein
said orthogonal transform coefficient data are data obtained on orthogonal
transform of short-term prediction residuals. Claim 3. The signal decoding
method as claimed in claim 1 wherein said orthogonal transform  coefficient
data are pitch residuals obtained on removing pitch components from the
input signal. Claim 4. The signal decoding method as claimed in claim 1
wherein said data number converting step includes a data re-arraying step
of changing only each sample position without changing the size of said N
orthogonal transform coefficient data. Claim 5. The signal decoding method
as claimed in claim 1 wherein said data re-arraying step is determined by
arranging each sample position following said data number conversion in
accordance with    19 a sample number obtained on the basis of a value
obtained in turn by multiplying the sample number indicating only the
original sample position by M/N. 



Claim 6. The signal decoding method as claimed in claim 1 wherein said
orthogonal transform coefficient data are frequency-domain sample data, and
wherein said data number conversion step includes an oversampling step of
oversampling said frequency-domain sample data and a re-sampling step of
re-sampling the frequency-domain sample data obtained by said oversampling
step. Claim 7. A signal decoding apparatus comprising: means for finding
linear or non-linear prediction residuals of an input signal and performing
orthogonal transform on the linear or non-linear prediction residuals thus
found for entering orthogonal transform coefficient data obtained at a rate
of N coefficient data per transform unit; data number converting means for
converting the number of said orthogonal transform coefficient data from N
to M; inverse orthogonal transform means for inverse orthogonal
transforming M orthogonal transform coefficient data obtained by said data
number conversion means; and predictive synthesis means for performing
predictive synthesis based on the linear or non-linear prediction residuals
obtained by said data number conversion means. Claim 8. The signal decoding
apparatus as claimed in claim 7 wherein said orthogonal transform
coefficient data are data obtained    20 on orthogonal transform of
short-term prediction residuals and wherein said prediction synthesis means
performs predictive 



synthesis based on said short-term prediction residuals. Claim 9. The
signal decoding apparatus as claimed in claim  7 wherein said orthogonal
transform coefficient data are pitch residuals obtained on removing pitch
components from the input signal and wherein said predictive synthesis
means performs predictive synthesis based on said short-term prediction
residuals. Claim 10. The signal decoding apparatus as claimed in claim  7
wherein said data number converting means includes data re-arraying means
for changing only each sample position without changing the size of said N
orthogonal transform coefficient data. Claim 11. The signal decoding
apparatus as claimed in claim  7 wherein said data re-arraying means
determines each sample position following said data number conversion by
arraying said sample position in accordance with a sample number obtained
on the basis of a value obtained in turn by multiplying the sample number
indicating only the original sample position by M/N. Claim 12. A portable
radio terminal apparatus comprising: amplifier means for amplifying a
reception signal;  demodulating means for demodulating the amplified
reception signal after A/D conversion thereof; transmission path decoding
means for channel decoding the demodulated signal; and    21 speech
decoding means for speech-decoding an output of said transmission path
decoding means; 



said speech decoding means further comprising: means for finding linear or
non-linear prediction residuals of an input signal and performing
orthogonal transform on th` linear or non-linear prediction residuals thus
found for entering orthogonal transform coefficient data obtained at a rate
of N coefficient data per transform unit; data number converting means for
converting the number of said orthogonal transform coefficient data from N
to M; inverse orthogonal transform means for inverse orthogonal
transforming M orthogonal transform coefficient data obtained by said data
number conversion means; predictive synthesis means for performing
predictive synthesis based on the linear or non-linear prediction residuals
obtained by said data number conversion..step; and D/A conversion means for
D/A converting the speech-decoded signal for producing an analog speech
signal.    


