
;z{|}~e3eUM\UJ|6T\s`  ~ 8 D E C 2i102  QUANTIZED-LSP-PARAMETER EXTRACTOR
AND METHOD Technical Field The present invention relates to a quantized-LSP
parameter extractor and method, and refers particularly, though not
exclusively, to such an extractor and method for dynamic characteristic
extraction and static characteristic extraction. Background Art Used in the
fields of digital mobile communications and speech storage are speech
coding apparatuses which compress speech information to encode with high
efficiency for utilization of radio signals and recording media. Among
them, the system based on a CELP (Code Excited Linear Prediction) system is
carried into practice widely for the apparatuses operating at medium to low
bit rates. The technology of the CELP is described in "Code-excited Linear
Prediction (CELP) : High-quality Speech at Very Low Bit Rates" by M.R.
Schroeder and B.S. Atal, Proc. ICASSP 85, 24.1.1.) pp. 937-940, 1985. 



In the CELP type speech coding system, speech    2 ~ 8 DEC 202 signals are
divided into predetermined frame lengths( about 5ms to 50ms ) , linear
prediction of the speechsignals is performed for each frame, the
predictionresidual (excitation vector signal) obtained by the5linear
prediction for each frame is encoded using anadaptive code vector and
random code vector comprisedof known waveforms. The adaptive code vector
and randomcode vector are selected for use respectively from anadaptive
codebook storing previously generated10excitation vectors and a random
codebook storing thepredetermined number of pre-prepared vectors
withpredetermined shapes. Used as the random code vectorsstored in the
random codebook are, for example, randomnoise sequence vectors and vectors
generated by15arranging a few pulses at different positions.The CELP coding
apparatus performs the LPCsynthesis and quantization, pitch search,
randomcodebook search, and gain codebook search using inputdigital signals)
and transmits the quantized LPC (L),20pitch period ( P ) , a random
codebook index ( S ) and a gaincodebook index (G) to a decoder.However, the
above-mentioned conventional speechcoding apparatus needs to cope with
voiced speeches,unvoiced speeches and background noises using a
single25type of random codebook, and therefore it is difficultto encode a11
the input signals with high quality.    3 Disclosure of Invention ~8DEC2002
The present invention provides a quantized-LSP-parameter dynamic
characteristic extractor comprising means for calculating an evolution of a
quantized LSP parameter between frames; means for calculating an average
quantized LSP parameter in a frame in which the quantized LSP paramater is
stationary; and means for calculating an evolution between said average
quantized LSP parameter and a current quantized LSP parameter. A third form
of the invention provides a quantized-LSP parameter dynamic characteristic
extracting method comprising the 



steps of calculating an evolution of a quantized LSP parameter between
frames; calculating an average quantized LSP parameter in a frame in which
the quantized LSP parameter is stationary; and calculating an evolution
between said average quantized LSP parameter and a current quantized LSP
parameters. Finally, the invention also provides a quantized-LSP-parameter
static characteristic extracting method comprising the steps calculating
linear prediction residual power using a quantized LSP parameter; and
calculating a region between neighboring orders of the quantized LSP
parameter. Brief Description of Drawings Fig. 1 is a block diagram
illustrating a first speech coding apparatus for using the present
invention;    4 ~ ~ D E C 2t102 Fig. 2 is a block diagram illustrating an
alternative speech decoding apparatus for using the present invention; Fig.
3 is a flowchart for the first speech coding processing; Fig. 4 is a
flowchart for the second speech decoding processing; 



Fig. 5A is a block diagram illustrating a configuration of a first speech
signal transmission apparatus; Fig. 5B is a block diagram illustrating a
configuration of a first speech signal reception apparatus; Fig. 6 is a
block diagram illustrating a configuration of a mode selector of the
present invention; Fig. 7 is a block diagram illustrating a configuration
of a multimode postprocessing section of the present invention; Fig. 8 is a
flowchart for the former part of multimode postprocessing in the embodiment
Figure 6 of the present invention; Fig. 9 is a flowchart for the latter
part of the multimode postprocessing in the embodiment of Figure 6 of the
present invention; Fig. 10 is a flowchart for the entire part of the
multimode postprocessing in the embodiment of Figure 6 of the present
invention; Fig. 11 is a flowchart for the former part of the multimode
postprocessing in the embodiment of Figure 7 of the present invention; and



5 ~ 8 ~ E c ~ooz Fig. 12 is a flowchart for the latter part of the
multimode postprocessing in the embodiment of Figure 7 of the present
invention. Best Mode for Carrying out the Invention Speech coding
apparatuses and others in embodiments of the present invention are
explained below using FIG. 1 to FIG> 9. (First embodiment) Fig. 1 is a
block diagram illustrating a configuration of a speech coding apparatus
according to the first embodiment of the present invention. Input data,
comprised of, for example, digital speech signals, is input to
preprocessing section 101. Preprocessing section 101 performs processing
such as cutting of a direct current component and bandwidth limitation of
the input data using a high-pass filter and band-pass filter to output to
LPC analyzer 102 and adder 106. In addition, although it is possible to
perform successive coding processing without performing any processing in
preprocessing section 101, the coding performance is improved by performing
the above-mentioned processing. LPC analyzer 102 performs linear prediction
analysis, and calculates linear predictive coefficients 



1 8 D E C 2'002 6 (LPC) to output to LPC quantizer 103.LPC quantizer 103
quantizes the input LPC, outputsthe quantized LPC to synthesis filter 104
and modeselector 105, and further outputs a code L that5represents the
quantized LPC to decoder. In addition,the quantization of LPC is performed
usually after LPCis converted to LSP ( Line Spectrum Pair ) which has
betterinterpolation characteristics.As synthesis filter 104, a LPC
synthesis filter is10constructed using the quantized LPC input from
LPCquantizer 103. With the constructed synthesis filter,filtering
processing is performed on an excitationvector signal input from adder 114)
and the resultantsignal is output to adder 106.15Mode selector 105
determines a mode of randomcodebook using the quantized LPC input from LPC
quantizer103.At this time ) mode selector 105 stores previouslyinput
information on quantized LPC, and performs the20selection of mode using
both characteristics of anevolution of quantized LPC between frames and of
thequantized LPC in a current frame. There are at leasttwo types of the
modes, of which examples are a modecorresponding to a voiced speech
segment) and a mode25corresponding to an unvoiced speech segment
andstationary noise segment. Further, as information foruse in selecting a
mode, it is not necessary to use the   1 8 D E C Z002 7 quantized LPC
themselves, and it is more effective to use converted parameters such as
the quantized LSP, reflective coefficients and linear prediction residual
power. 5 Adder 106 calculates an error between the preprocessed input data
input from preprocessing section 101 and the synthesized signal to output
to perceptual weighting filter 107. Perceptual weighting filter 107
performs 10 perceptual weighting on the error calculated in adder 106 to
output to error minimizer 108. Error minimizer 108 adjusts a random
codebook index Si, adaptive codebook index (pitch period) Pi, and gain
codebook index Gi respectively output to random codebook 15 109, adaptive
codebook 110, and gain codebook 111, determines a random code vector,
adaptive code vector, and random codebook gain and adaptive codebook gain
respectively to be generated in random codebook 109, adaptive codebook 110,
and gain codebook 111 so as to 20 minimize the perceptual weighted error
input from perceptual weighting filter 107) and outputs a code S
representing the random code vector, a code P representing the adaptive
code vector, and a code G representing gain information to decoder. 25
Random codebook 109 stores the predetermined number of random code vectors
with different shapes, and outputs the random code vector designated by the
index 



1 8 D E C 2002 s Si of random code vector input from error minimizes 108.
Random codebook 109 has at least two types of modes . For example, random
codebook 109 is configured to generate a pulse-like random code vector in
the mode corresponding 5 to a voiced speech segment, and further generate a
noise-like random code vector in the mode corresponding to an unvoiced
speech segment and stationary noise segment. The random code vector output
from random codebook 109 is generated with a single mode selected 10 in
mode selector 105 from among at least two types of the modes described
above, and multiplied by the random codebook gain Gs in multiplier 112 to
be output to adder 114. Adaptive codebook 110 performs buffering while 15
updating the previously generated excitation vector signal sequentially,
and generates the adaptive code vector using the adaptive codebook index
(pitch period (pitch lag)) input from error minimizes 108. The adaptive
code vector generated in adaptive codebook 110 20 is multiplied by the
adaptive codebook gain Ga in multiplier 113, and then output to adder 114.
Gain codebook 111 stores the predetermined number of sets of the adaptive
codebook gain Ga and random codebook gain Gs ( gain vector ) , and outputs
the adaptive 



25 codebook gain component Ga and random codebook gain component Gs of the
gain vector designated by the gain codebook index Gi input from error
minimizes 108   ~ g DEC 202 9 respectively to multipliers 113 and 112. In
addition, if the gain codebook is constructed with a plurality of stages,
it is possible to reduce a memory amount required for the gain codebook and
a computation amount required 5 for gain codebook search. Further, if the
number of bits assigned for the gain codebook is sufficient, it is possible
to scalar-quantize the adaptive codebook gain and random codebook gain
independently of each other. Adder 114 adds the random code vector and the
10 adaptive codevector respectively input from multipliers 112 and 113 to
generate the excitation vector signal, and outputs the generated excitation
vector signal to synthesis filter 104 and adaptive codebook 110. In
addition, in this embodiment, although only 15 random codebook 109 is
provided with the multimode, it is possible to provide adaptive codebook
110 and gain codebook 111 with the multimode , and thereby to improve the
quality. The flow of processing of speech coding method in 20 the
above-mentioned embodiment is next described with 



reference to FIG. 3. This explanation describes the case that in the speech
coding processing, the processing is performed for each unit processing
with a predetermined time length (frame with the time length of a few tens
25 msec) , and further the processing is performed for each shorter unit
processing ( subframe ) obtained by dividing a frame into the integer
number of lengths.   ~ 8 D E C z~ooz 10 In step (hereinafter abbreviated as
ST) 301, a11the memories such as the contents of the adaptivecodebook,
synthesis filter memory and input buffer arecleared.5Next , in ST302 ,
input data such as a digital speechsignal corresponding to a frame is
input) and filterssuch as a high-pass filter and band-pass filter
areapplied to the input data to perform offset cancellationand bandwidth
limitation of the input data. The10preprocessed input data is buffered in
an input bufferto be used for the following coding processing.Next, in
ST303) the LPC (linear predictivecoefficients) analysis is performed and LP
(linearpredictive) coefficients are calculated.15Next, in ST304, the
quantization of the LPcoefficients calculated in ST303 is performed.
Whilevarious quantization methods of LPC are proposed, thequantization can
be performed effectively by convertingLPC into LSP parameters with good
interpolation20characteristics to apply the predictive
quantizationutilizing the multistage vector quantization andinter-frame
correlation. Further, for example in thecase where a frame is divided into
two subframes , it isgeneral to c~uantize the LPC of the second subframe,
and25determine the LPC of the first subframe by theinterpolation processing
using the quantized LPC of thesecond subframe of the last frame and the
quantized LPC   3 _, m 18 DEC 202 of the second subframe of the present
frame.Next, in ST305, the perceptual weighting filterthat performs the
perceptual weighting on thepreprocessed input data is constructed.5Next, in
ST306) a perceptual weighted synthesisfilter that generates a synthesized
signal of aperceptual weighting domain from the excitation vectorsignal is
constructed. This filter is comprised of thesynthesis filter and perceptual
weighting filter in a10subordination connection. The synthesis filter
isconstructed with the quantized LPC quantized in ST304 ,and the perceptual
weighting filter is constructed withthe LPC calculated in ST303.Next ) in
ST307 , the selection of mode is performed.15The selection of mode is
performed using static anddynamic characteristics of the quantized LPC
quantizedin ST304. Examples of specifically usedcharacteristics are an
evolution of quantized LSP,reflective coefficients calculated from the
quantized20LPC, and prediction residual power. Random codebooksearch is
performed according to the mode selected inthis step. There are at least
two types of the modesto be selected in this step. An example considered
isa two-mode structure of a voiced speech mode, and an25unvoiced speech and
stationary noise mode.Next, in ST 308, adaptive codebook search
isperformed. The adaptive codebovk search is to search   ~ 8 DEC 202 12 an
adaptive code vector such that a perceptual weighted synthesized waveform
is generated that is the closest to a waveform obtained by performing the
perceptual weighting on the preprocessed input data. A position 5 from
which the adaptive code vector is fetched is determined so as to minimize
an error between a signal 



obtained by filtering the preprocessed input data with the perceptual
weighting filter constructed in ST305, and a signal obtained by filtering
the adaptive code 10 vector fetched from the adaptive codebook as an
excitation vector signal with the perceptual weighted synthesis filter
constructed in ST306. Next, in ST309, the random codebook search is
performed. The random codebook search is to select a 15 random code vector
to generate an excitation vector signal such that a perceptual weighted
synthesized waveform is generated that is the closest to a waveform
obtained by performing the perceptual weighting on the preprocessed input
data. The search is performed in 20 consideration of that the excitation
vector signal is generated by adding the adaptive code vector and random
code vector. Accordingly, the excitation vector signal is generated by
adding the adaptive code vector determined in ST308 and the random code
vector stored 25 in the random codebook. The random code vector is selected
from the random code book so as to minimize an error between a signal
obtained by filtering the   ~ 8 D E C 2002 13 generated excitation vector
signal with the perceptual weighted synthesis filter constructed in ST306 (
and the signal obtained by filtering the preprocessed input data with the
perceptual weighting filter constructed in 5 ST305. In addition, in the
case where processing such as pitch period processing is performed on the
random code vector, the search is performed also in consideration of such
processing. Further this random codebook has at least two types of the
modes. For 10 example, the search is performed by using the random codebook
storing pulse-like random code vectors in the mode corresponding to the
voiced speech segment, and using the random codebook storing noise-like
random code vectors in the mode corresponding to the unvoiced speech 15
segment and stationary noise segment. The random codebook of which mode is
used in the search is selected in ST307. Next, in ST310( gain codebook
search is performed. 



The gain codebook search is to select from the gain 20 codebook a pair of
the adaptive codebook gain and random codebook gain respectively to be
multiplied the adaptive code vector determined in ST308 and the random code
vector determined in ST309. The excitation vector signal is generated by
adding the adaptive code vector 25 multiplied by the adaptive codebook gain
and the random --t pair of the adaptive codebook gain and random codebook
~ 8 D E C 2002 14 gain is selected from the gain codebook so as to
minimizean error between a signal obtained by filtering thegenerated
excitation vector signal with the perceptualweighted synthesis filter
constructed in ST306, and the5signal obtained by filtering the preprocessed
input datawith the perceptual weighting filter constructed inST305.Next) in
ST311) the excitation vector signal isgenerated. The excitation vector
signal is generated10by adding a vector obtained by multiplying the
adaptivecode vector selected in ST308 by the adaptive codebookgain selected
in ST310 and a vector obtained bymultiplying the random code vector
selected in ST309 bythe random codebook gain selected in ST310.15Next) in
ST312, the update of the memory used ina loop of the subframe processing is
performed.Examples specifically performed are the update of theadaptive
codebook, and the update of states of theperceptual weighting filter and
perceptual weighted20synthesis filter.In ST305 to ST312, the processing is
performed ona subframe-by-subframe basis.Next , in ST313 , the update of
memory used in a loopof the frame processing. Examples
specifically25performed are the update of states of the filter usedin the
preprocessing section, the update of quantizedLPC buffer ( in the case
where the inter-frame predictive   ~ g D E C Z002 15 quantization of LPC is
performed), and the update of input data buffer. Next, in ST314, coded data
is output. The coded data is output to a transmission path while being 5
subjected to bit stream processing and multiplexing processing
corresponding to the form of the transmission. In ST302 to 304 and ST313 to
314, the processing is performed on a frame-by-frame basis. Further the 10
processing on a frame-by-frame basis and subframe by-subframe is iterated
until the input data is consumed. (Second embodiment) FIG.2 is a block
diagram illustrating a configuration of a speech decoding apparatus
according 15 to the second embodiment of the present invention. The code L
representing quantized LPC, code S representing a random code vector, code
P representing an adaptive code vector, and code G representing gain
information, each transmitted from a coder, are 20 respectively input to
LPC decoder 201 ( random codebook 203, adaptive codebook 204 and gain
codebook 205. LPC decoder 201 decodes the quantized LPC from the 



code L to output to mode selector 202 and synthesis filter 209. 25 Mode
selector 202 determines a mode for random codebook 203 and postprocessing
section 211 using the quantized LPC input from LPC decoder 201, and outputs
1 8 D E C 2'002 16 mode information M to random codebook 203 and
postprocessing section 211. In addition, mode selector 202 also stores
previously input information on quantized LPC) and performs the selection
of mode using 5 both characteristics of an evolution of quantized LPC
between frames and of the quantized LPC in a current frame. There are at
least two types of the modes , of which examples are a mode corresponding
to a voiced speech segment, a mode corresponding to an unvoiced speech 10
segment, and a mode corresponding to a stationary noise segment . Further,
as information for use in selecting a mode, it is not necessary to use the
quantized LPC themselves, and it is more effective to use converted
parameters such as the quantized LSP) reflective 15 coefficients and linear
prediction residual power. Random codebook 203 stores the predetermined
number of random code vectors with different shapes, and outputs a random
code vector designated by the random codebook index obtained by decoding
the input code S. 20 This random codebook 203 has at least two types of the
modes. For example, random codebook 203 is configured to generate a
pulse-like random code vector in the mode corresponding to a voiced speech
segment, and further generate a noise-like random code vector in the modes
25 corresponding to an unvoiced speech segment and steady noise segment.
The random code vector output from random codebook 203 is generated with a
single mode   ~~ 8 DEC 2002 



17 selected in mode selector 202 from among at least two types of the modes
described above, and multiplied by the random codebook gain Gs in
multiplier 206 to be output to adder 208. 5 Adaptive codebook 204 performs
buffering while updating the previously generated excitation vector signal
sequentially, and generates an adaptive code vector using the adaptive
codebook index (pitch period ( pitch lag ) ) obtained by decoding the input
code P . The 10 adaptive code vector generated in adaptive codebook 204 is
multiplied by the adaptive codebook gain Ga in multiplier 207, and then
output to adder 208. Gain codebook 205 stores the predetermined number of
sets of the adaptive codebook gain Ga and random 15 codebook gain Gs (gain
vector) ( and outputs the adaptive codebook gain component Ga and random
codebook gain component Gs of the gain vector designated by the gain
codebook index Gi obtained by decoding the input code G respectively to
multipliers 207 and 206. 20 Adder 208 adds the random code vector and the
adaptive code vector respectively input from multipliers 206 and 207 to
generate the excitation vector signal, and outputs the generated excitation
vector signal to synthesis filter 209 and adaptive codebook 204. 25 As
synthesis filter 209, a LPC synthesis filter is constructed using the
quantized LPC input from LPC decoder 201. Withthe constructed
synthesisfilter,the   ~ $ D E C 2002 



is filtering processing is performed on the excitation vector signal input
from adder 208, and the resultant signal is output to post filter 210. Post
filter 210 performs the processing to improve 5 subjective qualities of
speech signals such as pitch emphasis, f ormant emphasis, spectral tilt
compensation and gain adjustment on the synthesized signal input from
synthesis filter 209 to output to postprocessing section 211. 10
Postprocessing section 211 adaptively performs on the signal input from
post filter 210 the processing to improve subjective qualities of the
stationary noise segment such as inter-frame smoothing processing of
spectral amplitude and randomizing processing of 15 spectral phase using
the mode information M input from mode selector 202. For example, the
smoothing processing and randomizing processing is rarely performed in the
modes corresponding to the voiced speech segment and~unvoiced speech
segment, and such processing 20 is adaptively performed in the mode
corresponding to, for example, the stationary noise segment. The
postprocessed signal is output as output data such as a digital decoded
speech signal. In addition, although in this embodiment the mode 25
information M output from mode selector 202 is used in both the mode
selection for random codebook 203 and mode selection for postprocessing
section 211 , using the mode   (' 8 D E C 2D02 19 information M for either
of the mode selections is also effective. In this case, the corresponding
either one performs the multimode processing. The flow of the processing of
the speech decoding 5 method in the above-mentioned embodiment is next
described with reference to FIG.4. This explanation describes the case that
in the speech coding processing, the processing is performed for each unit
processing with a predetermined time length ( frame with the time length 10
of a few tens msec), and further the processing is performed for each
shorter unit processing (subframe) obtained by dividing the frame into the
integer number of lengths. In ST401 , all the memories such as the contents
of 15 the adaptive codebook, synthesis filter memory and output buffer are
cleared. Next, in ST40Z, coded data is decoded. Specifically, multiplexed
received signals are demultiplexed, and the received signals constructed in
20 bitstreams are converted into codes respectively 



representingquantized LPC, adaptive codevector,random code vector and gain
information. Next, in ST403) the LPC are decoded. The LPC are decoded from
the code representing the quantized LPC 25 obtained in ST402 with the
reverse procedure of the quantization of the LPC described in the first
embodiment.   1 8 DEC 2002 20 Next, in ST404, the synthesis filter is
constructedwith the LPC decoded in ST403.Next, in ST405, the mode selection
for the randomcodebook and postprocessing is performed using the5static and
dynamic characteristics of the LPC decodedin ST403. Examples of
specifically usedcharacteristics are an evolution of quantized
LSP,reflective coefficients calculated from the quantizedLPC, and
prediction residual power. The decoding of the10random code vector and
postprocessing is performedaccording to the mode selected in this step.
There areat least two types of the modes , which are ) for examplecomprised
of a mode corresponding to a voiced speechsegment, mode corresponding to an
unvoiced speech15segment and mode corresponding to a stationary
noisesegment.Next , in ST406 , the adaptive code vector is decoded .The
adaptive code vector is decoded by decoding aposition from which the
adaptive code vector is fetched20from the adaptive codebook using the code
representingthe adaptive code vector, and fetching the adaptive codevector
from the obtained position.Next , in ST407 , the random code vector is
decoded .The random code vector is decoded by decoding the random25codebook
index from the code representing the random codevector, and retrieving the
random code vectorcorresponding to the obtained index from the random   ~ a
oEC ~ooz 21 codebook. When other processing such as pitch period processing
of the random code vector is applied, a decoded random code vector is
obtained after further being subjected to the pitch period processing. This
5 random codebook has at least two types of the modes . For example, this
random code book is configured to generate a pulse-like random code vector
in the mode corresponding to a voiced speech segment, and further generate
a noise-like random code vector in the modes corresponding 10 to an
unvoiced speech segment and stationary noise segment. Next, in ST408, the
adaptive codebook gain and random codebook gain are decoded. The gain
information is decoded by decoding the gain codebook index from the 15 code
representing the gain information ) and retrieving a pair of the adaptive
codebook gain and random codebook gain instructed with the obtained index
from the gain 



codebook. Next, in ST409, the excitation vector signal is 20 generated. The
excitation vector signal is generated by adding a vector obtained by
multiplying the adaptive code vector selected in ST406 by the adaptive
codebook gain selected in ST408 and a vector obtained by multiplying the
random code vector selected in ST407 by 25 the random codebook gain
selected in ST408. Next, in ST410, a decoded signal is synthesized. The
excitation vector signal generated in ST409 is   T 8 DEC 2002 22 filtered
with the synthesis filter constructed in ST404 , and thereby the decoded
signal is synthesized. Next, in ST411, the postfiltering processing is
performed on the decoded signal. The postfiltering 5 processing is
comprised of the processing to improve subjective qualities of decoded
signals, in particular, decoded speech signals, such as pitch emphasis
processing) formant emphasis processing, spectral tilt compensation
processing and gain adjustment processing. 10 Next, in ST412, the final
postprocessing is performed on the decoded signal subjected to
postfiltering processing. The postprocessing is comprised of the processing
to improve subjective qualities of stationary noise segment in the decoded
15 signal such as inter- ( sub ) frame smoothing processing of spectral
amplitude and randomizing processing of spectral phase, and the processing
corresponding to mode selected in ST405 is performed. For example, the
smoothing processing and randomizing processing is 20 rarely performed in
the modes corresponding to the voiced speech segment and unvoiced speech
segment) and such processing is performed in the mode corresponding to the
stationary noise segment. The signal generated in this step becomes output
data. 25 Next) in ST413, the update of the memory used in 



a loop of the subframe processing is performed. Specifically performed are
the update of the adaptive   ~ ~ D E C 2D02 ' 23 codebook, and the update
of states of filters used in the postfiltering processing. In ST404 to
ST413 ( the processing is performed on a subframe-by-subf rame basis. 5
Next, in ST414, the update of memory used in a loop of the frame processing
is performed. Specifically performed are the update of quantized (decoded)
LPC buffer (in the case where the inter-frame predictive quantization of
LPC is performed) , and update of output 10 data buffer. In ST402 to 403
and ST414, the processing is performed on a frame-by-frame basis. Further)
the processing on a frame-by-frame basis is iterated until the coded data
is consumed. 15 (Third embodiment) FIG.5 ~is a block diagram illustrating a
speech signal transmission apparatus and reception apparatus respectively
provided with the speech coding apparatus of the first embodiment 1 and
speech decoding apparatus 20 of the second embodiment 2. FIG.5A illustrates
the transmission apparatus, and FIG.5B illustrates the reception apparatus.
In the speech signal transmission apparatus in FIG.5A, speech input
apparatus 501 converts a speech into 25 an electric analog signal to output
to A/D converter 501. A/D converter 502 converts the analog speech signal
into a digital speech signal to output to speech coder 503.   



~ 8 DEC Zfl02 24 Speech coder 503 performs speech coding processing on the
input signal, and outputs coded information to RF modulator 504. R/F
modulator 54 performs modulation, amplification and code spreading on the
coded speech 5 signal information to transmit as a radio signal) and
outputs the resultant signal to transmission antenna 505. Finally, the
radio signal ( RF signal ) 506 is transmitted from transmission antenna
505. On the other hand, the reception apparatus in 10 FIG.5b receives the
radio signal (RF signal) 506 with reception antenna 507, and outputs the
received signal to RF demodulator 508. RF demodulator 508 performs the
processing such as code despreading and demodulation to convert the radio
signal into coded information, and 15 outputs the coded information to
speech decoder 509. Speech decoder 509 performs decoding processing on the
coded information and outputs a digital decoded speech signal to D/A
converter 510. D/A converter 510 converts the digital decoded speech signal
output from speech 20 decoder 509 into an analog decoded speech signal to
output to speech output apparatus 511. Finally, speech output apparatus 511
converts the electric analog decoded speech signal into a decoded speech to
output . It is possible to use the above-mentioned 25 transmission
apparatus and reception apparatus as a mobile station apparatus and base
station apparatus in mobile communication apparatuses such as portable   ~
a SEC 2002 25 telephones. In addition, the medium that transmits
theinformation is not limited to the radio signal describedin this
embodiment, and it may be possible to useoptosignals, and further possible
to use cable5transmission paths.Further, it may be possible to achieve the
speechcoding apparatus described in the first embodiment ( thespeech
decoding apparatus described in the secondembodiment, andthetransmission
apparatusand reception10apparatus described in the third embodiment by
recordingthe corresponding program in a recording medium such asa magnetic
disk, optomagnetic disk, and ROM cartridgeto use as software. The use of
thus obtained recordingmedium enables a personal computer using such a
recording15medium to achieve the speech coding/decoding apparatusand
transmission/reception apparatus.(Fourth embodiment)The fourth embodiment
descries examples ofconfigurations of mode selectors 105 and 202 in
the20above-mentioned first and second embodiments.FIG . 6 illustrates a
mode selector according to thefourth embodiment.The mode selector according
this embodiment isprovided with dynamic characteristic extraction
section25601 that extracts the dynamic characteristic ofquantized LSP
parameters, and first and second staticcharacteristic extraction sections
602 and 603 that   1 8 D E C 2'002 26 



extract the static characteristic of quantized LSP parameters. Dynamic
characteristic extraction section 601 receives an input quantized LSP
parameter in AR type 5 smoothing section 604 to perform smoothing
processing. AR type smoothing section 604 performs the smoothing processing
expressed with the following equation ( 1 ) on each order quantized LSP
parameter, that is input for each unit processing time, as time sequence
data: 10 Ls[i]=(1-a )XLs[i]+a XL[i], i=1,2,...,M) 0<a<1 ... (1) Ls(i]: ith
order smoothed quantized LSP parameter L(i]: ith order quantized LSP
parameter a : smoothing coefficient M . LSP analysis order 15 In addition,
in the equation (1), the value of a 1 S set at about 0 . 7 to avoid too
strong smoothing . The smoothed quantized parameter obtained with the above
equation ( 1 ) is branched to be input to adder 606 through delay section
605 and to be directly input to adder 606. 20 Delay section 605 delays the
input smoothed quantized parameter by a unit processing time to output to
adder 606. Adder 606 receives the smoothed quantized LSP parameter at the
current unit processing time, and the 25 smoothed quantized LSP parameter
at the last unit processing time. Adder 606 calculates an evolution between
the smoothed quantized LSP parameter at the   ~ 8 D E C Z002 27 current
unit processing time, and the smoothed quantizedLSP parameter at the last
unit processing time. Theevolution is output for each order of LSP
parameter. Theresult calculated by adder 606 is output to square
sum5calculation section 607.Square sum calculation section 607 calculates
thesquare sum of the evolution for each order between thesmoothed quantized
LSP parameter at the current unitprocessing time, and the smoothed
quantized LSP10parameter at the last unit processing time.Dynamic
characteristic extraction section 601receives the quantized LSP parameter
in delay section608 in parallel with AR smoothing section 604. Delaysection
608 delays the input quantized LSP parameter by15a unit processing time to
output to AR type averagecalculation section 611 through switch 609.Switch
609 is connected when the mode informationt 6 0 i th i dion 



s e no se mo l e to operate output from delay secto input the quantized LSP
parameter output from delay20section 608 to AR type average calculation
section 611.Delay section 610 receives the mode informationoutput from mode
determination section 621, and delaysthe input mode information by a unit
processing time tooutput to switch 609.25AR type average calculation
section 611 calculatesthe average LSP parameter over the noise region
basedon the equation ( 1 ) in the same way as AR type smoothing   ~ 8 DEC
2002 28 section 604 to output to adder 612. In addition, the value of c~ in
the equation ( 1 ) is set at about 0 . 05 to perform extremely high
smoothing processing, and thereby the long-time average of LSP parameter is
calculated. 5 Adder 612 calculates an evolution for each order between the
quantized LSP parameter at the current unit processing time, and the
average quantized LSP parameter in the noise region calculated by AR type
average calculation section 611. 10 Square sum calculation section 613
receives the difference information of quantized LSP parameters output from
adder 612 , and calculates the square sum for each order to output to
speech region detection section 619. 15 Dynamic characteristic extraction
601 for quantized LSP parameter is comprised of components 604 to 613 as
described above. First staticcharacteristic extractionsection602 calculates
linear prediction residual power from the 20 quantized LSP parameter in
linear prediction residual power calculation section 614, and further
calculates a region between neighboring orders of the quantized LSP
parameters as expressed in the following equation (2) in neighboring LSP
region calculation section 615: 25 Ld[i]=L[i+1]-L[i], i= 1,2,...,M-1 ...
(2) 



L[i]: ith order quantized LSP parameter The value calculated in neighboring
LSP region   ~ 8 D E C 2002 29 calculation section 615 is provided to
variance calculation section 616. Variance calculation section 616
calculates the variance of quantized LSP parameter regions output from
neighboring LSP region calculation 5 section 615. At the time the variance
is calculated, it is possible to reflect characteristics of peak and valley
except the peak at the lowest frequency, by eliminating the data of the
lowest frequency (Ld [1]) without using a11 the data of LSP parameter
regions. 10 With respect to a stationary noise with the characteristic such
that levels at a low frequency band are lifted, when such a noise is passed
through the high-pass filter, since a peak of the spectrum always appears
around the cut-off frequency of the filter, it 15 is effective to cancel
the information of such a peak of the spectrum. In other words, it is
possible to extract the characteristics of peak and valley of the spectral
envelop of an input signal, and therefore to extract the static
characteristics to detect a region 20 with high possibility that the region
is a speech region. Further, according to this constitution, it is possible
to separate the speech region and stationary noise region with high
accuracy. First staticcharacteristic extractionsection602 25 for quantized
LSP parameter is comprised of components 614, 615 and 616 as described
above. Insecondstatic characteristic extractionsection   ~ 8 D E C Z002 



30 603, reflective coefficient calculation section 617converts the
quantized LSP parameter into a reflectivecoefficient to output to
voiced/unvoiced judgmentsection 620. Concurrently with the above
processing,5linear predictionresidualpowercalculationsection618calculates
the linear prediction residual power from thequantized LSP parameter to
output to voiced/unvoicedjudgment section 620.In addition, since linear
prediction residual10power calculation section 618 is the same as
linearprediction residual power calculation section 614, itis possible to
share one component as the sections 614and 618.Second static characteristic
extraction section15603 for quantized LSP parameter is comprised
ofcomponents 617 and 618 as described above.Outputs from dynamic
characteristic extractionsection 601 and first static characteristic
extractionsection 602 are provided to speech region detection20section 619.
Speech region detection section 619receives an evolution amount of the
smoothed quantizedLSP parameter input from square sum calculation
section607, a distance between the average quantized LSPparameter of the
noise segment and the current quantized25LSP parameter input from square
sum calculation section613, the quantized linear prediction residual
powerinput from linear prediction residual power calculation   ~ $ D E C
Q002 31 section 614, and the variance information of theneighboring LSP
region data input from variancecalculationsection616. Then,usingthese
information,speech region detection section 619 judges whether or5not an
input signal ( or a decoded signal ) at the currentunit processing time is
a speech region, and outputs thejudged result to mode determination section
621. Themore specific method for judging whether the input signalis a
speech region is descried later using FIG.8.10On the other hand, an output
from secondcharacteristic extraction section 603 is provided
tovoiced/unvoiced judgment section 620. Voiced/unvoicedjudgment section 620
receives the reflective coefficientinput from reflective coefficient
calculation section15617 , and the quantized linear prediction residual
powerinput from linear prediction residual power calculationsection 618.
Then, using these information,voiced/unvoiced judgment section 620 judges
whether theinput signal (decoded signal) at the current unit20processing
time is a voiced region or unvoiced region,and outputs the judged result to
mode determinationsection 621. The more specific voiced/unvoicedjudgment
method is descried later using FIG.9.Mode determination section 621
receives the judged25result output from speech region detection section
619and the judged result output from voiced/unvoicedjudgment section 620,
and using these information,   ~ 8 D E C 2002 32 determines a mode of the
input signal ( or decoded signal) at the current unit processing time to
output . The more specif is mode classifying method is described later
using FIG.10. In addition, although AR type sections are used as the
smoothing section and average calculation section in this embodiment) it
may be possible to perform the smoothing and average calculation by using
other methods. 10 The detail of the speech region judgment method in the
above-mentioned embodiment is next explained with reference to FIG.8.
First, in ST801, the first dynamic parameter (Paral) is calculated. The
specif is contents of the 15 first dynamic parameter is an evolution amount
of quantized LSP parameter for each unit processing time) and expressed
with the following equation (3): D(t) _ ~M (LSi(t)- LSi(t-1))2 ( 3) LSi(t):
smoothed quantized LSP at time t 



Next, in ST802) it is checked whether or not the 20 first dynamic parameter
is larger than a predetermined threshold Thl. Whentheparameter
exceedsthethreshold Thl, since the evolution amount of the quantized LSP
parameter is large, it is judged that the input signal is a speech region.
On the other hand, when the   ~ s nEC zooz 33 parameter is equal to or less
than the threshold Thl) since the evolution amount of the quantized LSP
parameter is small, the processing proceeds to ST803, and further proceeds
to steps for judgment processing with other 5 parameter. In ST802 , when
the first dynamic parameter is equal to or less than the threshold Thl, the
processing proceeds to ST803, where the number of a counter indicative of
the number of times the stationary noise 10 region is judged previously.
The initial value of the counter is 0 , and is incremented by 1 for each
unit processing time judged as the stationary noise region with the mode
determination method. In ST803, when the number of the counter equals to or
less than a 15 predetermined threshold ThC, the processing proceeds to
ST804 , where it is judged whether or not the input signal is a speech
region using the static parameter. On the other hand, when the number of
the counter exceeds the threshold ThC, the processing proceeds to ST806,
where 20 it is judged whether or not the input signal is a speech region
using the second dynamic parameter. Two types of parameters are calculated
in ST804. One is the linear prediction residual power (Para3) calculated
from the quantized LSP parameters, and the 25 other is the variance of the
difference information of neighboring orders of quantized LSP parameters
(Para4). The linear prediction residual power is obtained by   



18 D E C 2002 34 converting the quantized LSP parameters into the
linearpredictive coefficients and using the relation equationin the
algorithm of Levinson-Durbin. It is known thatthe linear prediction
residual power tends to be higher5at an unvoiced segment than at a voiced
segment) andtherefore the linear prediction residual power is usedas a
criterion of the voiced/unvoiced judgment. Thedifference information of
neighboring orders ofquantized LSP parameters is expressed with the
equation10( 2 ) , and the variance of such data is obtained. Howeverthere
are some cases, which are depending on the typesof noises and bandwidth
limitation, of existing thespectral peak at the lowest frequency band.
Thereforeit is preferable to obtain the variance using the data15from i=2
to M-1 (M is analysis order) in the equation(2) without using the
difference information ofneighboring orders at the low frequency edge (i=1
in theequation (2)). In the speech signal, since there areabout three
formants at a telephone band ( 200Hz to 3 . 420kHz ) , the LSP regions have
wide portions and narrowportions, and therefore the variance of the region
datatends to be increased. On the other hand, in thestationary noise, since
there is no f ormant structure,the LSP regi ons usually have relatively
equal regions ,25and therefore such a variation tends to be decreased.By
the use of these characteristics, it is possible tojudge whether or not the
input signal is a speech region.   18 DEC 2p02 35 However, there is the
case that some type of noise has the spectral peak at a low frequency band
as described previously. In this case, the LSP region at the lowest
frequency band becomes narrow, and therefore the 5 variance obtained by
using all the neighboring LSP evolution data decreases the difference
caused by the presence or absence of the formant structure, thereby
loweringthejudgmentaccuracy. Accordingly, obtaining the variance with the
neighboring LSP difference 10 information at the low frequency edge
eliminated prevents such deterioration of the accuracy. However, since such
a static parameter has lower judgment ability than the dynamic parameter )
it is preferable to use the static parameter as supplementary information.
Two 15 types of parameters calculated in ST804 are used in ST805. Next , in
ST805 ( two types of parameters calculated in ST804 are processed with a
threshold. Specifically, in the case where the linear prediction residual
power 20 (Para3) is equal to or less than a threshold Th3, and the variance
(Para4) of neighboring LSP region data is equal to or more than a threshold
Th4 ( it is judged that the input signal is a speech region. In other
cases, it is judged that the input signal is a stationary noise 25 region
(non-speech region). When the stationary noise region is judged, the value
of the counter is incremented by 1.  



1 8 D E C 2002 36 In ST806 ( the second dynamic parameter ( Para2 ) is
calculated. Thesecond dynamicparameteris a parameter indicative of a
similarity degree between the average quantized LSP parameter in a previous
stationary noise 5 region and the quantized LSP parameter in the current
unit processing time, and specifically, as expressed in the equation (4),
is obtained as the square sum of different values obtained for each order
using the above-mentioned two types of quantized LSP parameters: E(t) _ ~
M1 (Li(t) - LAi)2 l4 ) 10 Li(t): quantized LSP at time t LAi: average
quantized LSP of a noise region The obtained second dynamic parameter is
processed with the threshold in ST807. 15 Next, in ST807, it is determined
whether or not the second dynamic parameter exceeds the threshold Th2. When
the second dynamic parameter exceeds the threshold Th2, since the
similarity degree to the average quantized LSP parameter in the previous
stationary noise region 20 is low, it is judged that the input signal is
the speech region. When the second dynamic parameter is equal to or less
than the threshold Th2, since the similarity 



degree to the average quantized LSP parameter in the previous stationary
noise region is high, it is judged   37 ,' 8 DES that the input signal is
the stationary noise region.The value of the counter is incremented by 1
when theinput signal is judged as the stationary noise region.The detail of
the voiced/unvoiced region judgment5method in the above-mentioned
embodiment is nextexplained with reference to FIG.9.First, in ST901,
first-order reflectivecoefficient is calculated from the quantized
LSPparameter in the current unit processing time. The10reflective
coefficient is calculated after the LSPparameter is converted into the
linear predictivecoefficient.Next, in ST902 ( it is determined whether or
not theabove-mentioned reflective coefficient exceeds the15first threshold
Thl. When the coefficient exceeds thethreshold Thl, it is judged that the
current unitprocessing time is the unvoiced region, and thei t i d d d i fi
i hprocess /unvo ce gmen ng ju s 



n s voice ed. Whenthe coefficient is equal to or less than the
threshold20Thl, the voiced/unvoiced judgment processing is
furthercontinued.When the region is not judged as the unvoiced regionin
ST902 , in ST903 , it is determined whether or not theabove-mentioned
reflective coefficient exceeds the25second threshold Th2. When the
coefficient exceeds thethreshold Th2 , the processing proceeds to ST905 ,
and whenthe coefficient is equal to or less than the threshold   ~ $ D E C
2002 38 Th2, the processing proceeds to ST904. When the above-mentioned
reflective coefficient is equal or less than the second threshold Th2 in
ST903, in ST904, it is determined whether or not the above5 mentioned
reflective coefficient exceeds the third threshold Th3. When the
coefficient exceeds the threshold Th3, the processing proceeds to ST907,
and when the coefficient is equal to or less than the threshold Th3 , the
region is judged as the speech region , and the 10 voiced/unvoiced judgment
processing is finished. When the above-mentioned reflective coefficient
exceeds the second threshold Th2 in ST903, the linear prediction residual
power is calculated in ST905. The linear prediction residual power is
calculated after the 15 quantized LSP is converted into the linear
predictive coefficient: In ST906, following ST905, it is determined whether
or not the above-mentioned linear prediction residual power exceeds the
threshold Th4. When the 20 power exceeds the threshold Th4 ( it is judged
that the region is the unvoiced region, and the voiced/unvoiced judgment
processing is finished. When the power is 



equal to or less than the threshold Th4, it is judged that the region is
the speech region, and the 25 voiced/unvoiced judgment processing is
finished. When the above-mentioned reflective coefficient exceeds the third
threshold Th3 in ST904, the linear   ~ 8 D E C 2002 39 prediction residual
power is calculated in ST907. In ST908, following ST907, it is determined
whether or not the above-mentioned linear prediction residual power exceeds
the threshold Th5 . When the power exceeds 5 the threshold Th5, it is
,judged that the region is the unvoiced region, and the voiced/unvoiced
judgement processing is finished. When the power is equal to or less than
the threshold Th5 ( it is judged that the region is the speech region, and
the voiced/unvoiced judgment 10 processing is finished. The mode
determination method used in mode determination section 621 is next
explained with reference to FIG.10. First, in ST1001, the speech region
detection 15 result is input. This step may be a block itself that performs
the speech region detection processing. Next, in ST1002, it is determined
whether to determine that a mode is the stationary noise mode , based on
the judgment result on whether or not the region is 20 the speech region.
When the region is the speech region, the processing proceeds to ST1003.
When the region is not the speech region ( stationary noise region ) , the
mode determination result indicative of the stationary noise mode is
output, and the mode determination 25 processing is finished. When it is
determined that the region is not the 



stationary noise mode in ST1002, the voiced/unvoiced   ~ ~ D E C 2002 40
judgment result is input in ST1003. This step may bea block itself that
performs the voiced/unvoiceddetermination processing.Following ST1003, the
mode determination is5performed to determine whether the mode is the
voicedregion mode or the unvoiced region mode based on thevoiced/unvoiced
judgment result. When the judgmentresult is indicative of the voiced
region, the modedetermination result indicative of the voiced region10mode
is output, and the mode determination processingis finished. When the
voiced/unvoiced judgment resultis indicative of the unvoiced region, the
modedetermination result indicative of the unvoiced regionmode is output,
and the mode determination processing15is finished. As described above,
using the speechregion detection result and voiced/unvoiced judgment,the
modes of the input signals (or decoded signals) ina current unit processing
block are classified into threemodes.20(Fifth embodiment) 'FIG.7 is a block
diagram illustrating aconfiguration of a postprocessing section according
tothe fifth embodiment of the present invention. Thepostprocessing section
is used in the speech signal25decoding apparatus described in the second
embodimentwith the mode selector, described in the fourthembodiment,
combined therewith. The postprocessing   1 8 D E C 2002 41 section
illustrated in FIG.7 is provided with mode selection switches 705, 708, 707
and 711, spectral amplitude smoothing section 706, spectral phase
randomizing sections 709 and 710, and threshold setting 5 sections 703 and
716. Weighted synthesis filter 701 receives decoded LPC output from LPC
decoder 201 in the previously described speech decoding apparatus to
construct the perceptual weighted synthesis filter, performs weighted
filtering 10 processing on the synthesized speech signal output from
synthesis filter 209 or post filter 210 in the speech decoding apparatus to
output to FFT processing section 702. FFT processing section 702 performs
FFT processing 15 on the weighting-processed decoded signal output from
weighted synthesis filter 701) and outputs a spectral amplitude WSAi to
first threshold setting section 703, first spectral amplitude smoothing
section 706 and first spectral phase randomizing section 709. 20 First
threshold setting section 703 calculates the average of the spectral
amplitude calculated in FFT processing section 702 using a11 frequency
signal components, and using the calculated average as a reference, outputs
the threshold Thl to first spectral 25 amplitude smoothing section 706 and
first spectral phase randomizing section 709. FFT processing section 704
performs FFT processing   



~ B DEC 2a02 42 on the synthesized speech signal output from synthesis
filter 209 and post filter 210 in the speech~decoding apparatus, outputs
the spectral amplitude to mode selection switches 705 and 712, adder 715,
and second 5 spectral phase randomizing section 710, and further outputs
the spectral phase to mode selection switch 708. Mode selection switch 705
receives the mode information (Mode) output from mode selector 202 in the
speech decoding apparatus, and the difference 10 information (Diff) output
from adder 715, and judges whether the decoded signal in the current unit
processing time is the speech region or the stationary noise region. Mode
selection switch 705 connects to mode selection switch 707,when judges that
the decoded signal is the 15 speech region) while connecting to first
spectral amplitude smoothing section 706 when judges that the decoded
signal is the stationary noise region. First spectral amplitude smoothing
section 706 receives the spectral amplitude SAi output from FFT 20
processing section 704 through mode selection switch 705, and performs
smoothing processing on a signal component with a frequency determined by
the input first threshold Thl and weighted spectral amplitude WSAi to
output to mode selection switch 707. The determination of the 25 signal
component with the frequency to be processed for smoothing is performed by
determining whether the weighted spectral amplitude WSAi is equal to or
less than   1 8 DEC 2002 43 the first threshold Thl. In other words, the
smoothing processing of the spectral amplitude SAi is performed on the
signal component with the frequency i such that WSAi is equal to or less
than Thl. The smoothing 5 processing reduces the discontinuity in time of
the spectral amplitude caused by the coding distortion. In the case where
the smoothing processing is performed with the AR type expressed with the
equation (1), the coefficient cx can be set at about 0.1 when the number 



10 of FFT points is 128, and the unit processing-time is lOms. As mode
selection switch 705, mode selection switch 707 receives the mode
information (Mode ) output from mode selector 202 in the speech decoding
apparatus, and the 15 difference information ( Diff ) output from adder 715
, and judges whether the decoded signal in the current unit processing time
is the speech region or the stationary noise region. Mode selection switch
707 connects to mode selection switch 705 when judges that the decoded 20
signal is the speech region, while connecting to first spectral amplitude
smoothing section 706 when judges that the decoded signal is the stationary
noise region. The judgment result is the same as that by mode selection
switch 705. An output of mode selection switch 707 is 25 connected to IFFT
processing section 720. Mode selection switch 708 is a switch of which the
output is switched synchronously with mode selection   ~ 8 D E C Q002 44
switch 705. Mode selection switch 708 receives the mode information (Mode)
output from mode selector 202 in the speech decoding apparatus, and the
difference information (Diff) output from adder 715, and judges 5 whether
the decoded signal in the current unit processing time is the speech region
or the stationary noise region. Mode selection switch 708 connects to
second spectral phase randomizing section 710 when judges that the decoded
signal is the speech region, while connecting 10 to first spectral-phase
randomizing section 709 when judges that the decoded signal is the
stationary noise region . The judgment result is the same as that by mode
selection switch 705. In other words, mode selection 



switch 708 is connected to first spectral phase 15 randomizing section 709
when mode selection switch 705 is connected to first spectral amplitude
smoothing section 706 , and mode selection switch 708 is connected to
second spectral phase randomizing section 710 when mode selection switch
705 is connected to mode selection 20 switch 707. First spectral phase
randomizing section 709 receives the spectral phase SPi output from FFT
processing section 704 through mode selection switch 708, and performs
randomizing processing on a signal 25 component with a frequency determined
by the input first threshold Thl and weighted spectral amplitude WSAi to
output to mode selection switch 711. The method for   1 8 DEC 202 45
determining the signal component at the frequency to beprocessed for
randomizing is the same way as that fordetermining the signal component at
the frequency to beprocessed for smoothing in first spectral
amplitude5smoothing section 706. In other words, the randomizingprocessing
of spectral phase SPi is performed on thesignal component with the
frequency i such that WSAi isequal to or less than Thl.Second spectral
phase randomizing section 71010receives the spectral phase SPi output from
FFTprocessing section 704 through mode selection switch 708and performs
randomizing processing on a signalcomponent with a frequency determined by
the input secondthreshold Th2i and spectral amplitude SAi to output
to15mode selection switch 711. The method for determiningthe signal
component at the frequency to be processedfor randomizing is similar to
that in first spectral709 I th i i ion . n o ng sect er words, the z 



phase randomrandomizing processing of spectral phase SPi is20performed on
the signal component with the frequency isuch that SAi is equal to or less
than Th2i.Mode selection switch 711 operates synchronouslywith mode
selection switch 707. As mode selectionswitch 707 , mode selection switch
710 receives the mode25information (Mode) output from mode selector 202 in
thespeech decoding apparatus, and the differenceinformation (Diff ) output
from adder 715, and judges   1 8 D E C 2002 ' 46 whether the decoded signal
in the current unit processing time is the speech region or the stationary
noise region. Mode selection switch 711 connects to second spectral phase
randomizing section 710 when judges that the 5 decoded signal is the speech
region, while connecting to first spectral phase randomizing section 709
when judges that the decoded signal is the stationary noise region . The
judgment result is the same as that by mode selection switch 708. An output
of mode selection 10 switch 7l1 is connected to IFFT processing section
720. As mode selection switch 705 , mode selection switch 712 receives the
mode information (Mode ) output from mode selector 202 in the speech
decoding apparatus , and the difference information ( Diff ) output from
adder 715 , and 15 judges whether the decoded signal in the current unit
processing time is the speech region or the stationary noise region. When
it is judged that the decoded signal is not the speech region ( is the
stationary noise region ) , mode selection switch 712 is connected to
output the 20 spectral amplitude SAi output from FFT processing section 704
to second spectral amplitude smoothing section 713. When it is determined
that the decoded 



signal is the speech region, mode selection switch 712 is disconnected, and
therefore the spectral amplitude 25 SAi is not output to second spectral
amplitude smoothing section 713. Second spectral amplitude smoothing
section 713   ~ 8 D E C 2002 - 47 receives the spectral amplitude SAi
output from FFT processing section 704 through mode selection switch 712,
and performs the smoothing processing on signal components at a11 frequency
bands . The average spectral 5 amplitude in the stationary noise region can
be obtained by this smoothing processing. The smoothing processing is the
same as that in first spectral amplitude smoothing section 706. In
addition, when mode selection switch 712 is disconnected, the section 713
does not perform 10 the processing, and a smoothed spectral amplitude SSAi
of the stationary noise region, which is last processed, is output. The
smoothed spectral amplitude SSAi processed in second spectral amplitude
smoothing processing section 713 is output to delay section 714, 15 second
threshold setting section 716 , and mode selection switch 718. Delay
section 714 delays the input SSAi) output from second spectral amplitude
smoothing section 713, by a unit processing time to output to adder 715. 20
Adder 715 calculates a difference between the smoothed spectral amplitude
SSAi of the stationary noise region in the last unit processing time and
the spectral amplitude SAi in the current unit processing time to output to
mode switches 705, 707, 708, 711, 712, 718, 25 and 719. Second threshold
setting section 716 sets the threshold Th2i using as a reference the
smoothed spectral  



~ 8 D E C 2002 48 amplitude SSAi of the stationary noise region output from
second spectral amplitude smoothing section 713 to output to second
spectral phase randomizing section 710. Random spectral phase generating
section 717 5 outputs a randomly generated spectral phase to mode selection
switch 719. As mode selection switch 712 , mode selection switch 718
receives the mode information (Mode) output from mode selector 202 in the
speech decoding apparatus, and the 10 difference information (Diff) output
from adder 715, and judges whether the decoded signal in the current unit
processing time is the speech region or the stationary noise region. When
it is judged that the decoded signal is the speech region, mode selection
switch 718 is 15 connected to output an output from second spectral
amplitude smoothing section 713 to IFFT processing section 720. When it is
determined that the decoded signal is not the speech region (stationary
noise region) mode selection switch 718 is disconnected, and therefore 20
the output from second spectral amplitude smoothing section 713 is not
output to IFFT processing section 720. Mode selection switch 719 is
switched synchronously with mode selection switch 718. As mode selection
switch 718 , mode selection switch 719 receives 25 the mode information
(Mode) output from mode selector 



202 in the speech decoding apparatus, and the difference information (Diff)
output from adder 715, and judges   ~ $ DEC Z~O~ - 49 whether the decoded
signal in the current unit processing time is the speech region or the
stationary noise region. When it is judged that the decoded signal is the
speech region, mode selection switch 719 is connected to output 5 an output
from random spectral phase generating section 717 to IIFFT processing
section 720. When it is judged that the decoded signal is not the speech
region (is stationary noise region ) , mode selection switch 719 is
disconnected, and therefore the output from second 10 random spectral phase
generating section 717 is not output to IFFT processing section 720. IFFT
processing section 720 receives the spectral amplitude output from mode
selection switch 707, the spectral phase output from mode selection switch
711) 15 the spectral amplitude output from mode selection switch 718 , and
the spectral phase output from mode selection section 719 to perform IFFT
processing, and outputs the processed signal. When mode selection switches
718 and 719 are disconnected, IFFT processing section 720 20 transforms the
spectral amplitude input from mode selection 707 and the spectral phase
input from mode selection switch 711 into a real part spectrum and
imaginary part spectrum of FFT, then performs the IFFT processing, and
outputs the real part of the resultant 



25 as a time signal. On the other hand, when mode selection switches 718
and 719 are connected, IFFT processing section 720 transforms the spectral
amplitude input from   ~gDEC2002 50 mode selection 707 and the spectral
phase input from mode selection switch 711 into a first real part spectrum
and first imaginary part spectrum, and further transforms the spectral
amplitude input from mode selection 718 and 5 the spectral phase input from
mode selection switch 719 into a second real part spectrum and second
imaginary part spectrum to add, and then performs the IFFT processing. In
other words, assuming that a third real part is obtained by adding the
first real part spectrum 10 to the second real part spectrum, and that a
third imaginary part is obtained by adding the first imaginary part
spectrum to the second imaginary part spectrum, the IFFT processing is
performed using the third real part spectrum and third imaginary part
spectrum. At the time 15 of adding the above-mentioned spectra, the second
real part spectrum and second imaginary part spectrum are attenuated by
constant times or an adaptively controlled variable. For example, at the
time of adding the above-mentioned spectra, the second real part spectrum
20 is multiplied by 0.25 and then added to the first real part spectrum,
and the second imaginary part spectrum is multiplied by 0.25, and then
added to the first imaginary part spectrum, thereby obtaining the third
real part spectrum and third imaginary part spectrum. 25 The postprocessing
method previously described is next explained using FIGS.11 and 12. FIG.11
is a flowchart illustrating specific processing of the   ~ 8 D E C 2002 



51 postprocessing method in this embodiment. First) in ST1101, FFT
logarithmic spectral amplitude (WSAi) of a perceptual weighted input signal
(decoded speech signal) is calculated. 5 Next, in ST1102, the first
threshold Thl is calculated.Thl is obtained by adding a constant kl tothe
averageof WSAi. The value of kl is determinedempirically,and, for example (
about 0 . 4 in the commonlogarithmicregion. Assuming that the number of
FFT10 points is N,and that the FFT spectral amplitude is WSAi(i=1,2,...,N))
the average of WSAi is obtained bycalculatingthe average value of an N/2
number of WSAibecause WSAiis symmetry with respect to the boundaryof i=N/2
andi=N/2+1.15 Next,in ST1103, FFT logarithmic spectralamplitude ( SAi ) and
FFT spectral phase ( SPi ) of an inputsignal (decoded speech signal) that
is not perceptualweighted iscalculated. Next , in ST1104 , the spectral
difference ( Diff ) is 20 calculated. The spectral difference is the total
residual spectra each obtained by subtracting the average FFT logarithmic
spectral amplitude ( SSAi ) in the region previously judged as the
stationary noise region from the current FFT logarithmic spectral amplitude
25 (SAi). 'The spectra difference Diff obtained in this step is a parameter
to judge whether or not the current power is larger than the average power
of the stationary   1 8 DEC 2002 52 noise region. When the current power is
larger than theaverage power of the stationary noise region, the regionhas
a signal different from a stationary noise component,and therefore the
region is judged to be not the5stationary noise region.Next, in ST1105, the
counter is checked. Thecounter is indicative of the number of times the
decodedsignal is judged as the stationary noise regionpreviously. In the
case where the number of the counter10is more than a predetermined value,
in other words, whenit is judged that the decoded signal is the
stationarynoise region previously with some extent of stability,the
processing proceeds to ST1107. In the other case,in other words , when it
is little judged that the decoded15signal is the stationary noise region
previously, theprocessing proceeds to ST1106. The difference betweenST1106
and ST1107 is that the spectral difference ( Diff )is used or not as a
judgment criterion. The spectraldifference (Diff) is calculated using the
average FFT20logarithmic spectral amplitude (SSAi) in the regionpreviously
judged as the stationary noise region. Toobtain such an average FFT
logarithmic spectralamplitude (SSAi), it is necessary to use a
previousstationary noise region with a sufficient time length25of some
extent, and therefore ST1105 is provided. Whenthere is no previous
stationary noise region with asufficient time length, since it is
considered that the   1 8 DEC Q002 53 average FFT logarithmic spectral
amplitude ( SSAi ) is not averaged sufficiently, the processing is intended
to proceed to ST1106 in which the spectral difference ( Diff ) is not used.
The initial value of the counter is 0. 5 Next) in ST1106 or ST1107, it is
judged whether or not the decoded signal is the stationary noise region. 



In ST1106, it is judged that the decoded signal is the stationary noise
region in the case where an excitation mode that is already determined in
the speech decoding 10 apparatus is the stationary noise region mode. In
ST1107 , it is judged that the decoded signal is the stationary noise
region in the case where an excitation mode that is already determined in
the speech decoding apparatus is the stationary noise region mode, and the
15 spectral difference (Diff) calculated in ST1104 is equal to or less than
the threshold K3. In ST1106 or ST1107, the processing proceeds to ST1108
when it is judged that the decoded signal is the stationary noise region,
while the processing proceeds to ST1113 when it is judged that 20 the
decoded signal is not the stationary noise region, in other words, that the
decoded signal is the speech region. When it is judged that the decoded
signal is the stationary noise region, the smoothing processing is 25 next
performed in ST1108 to obtain the average FFT logarithm spectrum ( SSAi )
of the stationary noise region . In the equation in ST1108) /3 is a
constant indicative   ~ 8 D E C Q1)02. 



54 of an intensity of smoothing in the range of 0.0 to 0.1. /3 may be about
0.1 when the number of FFT points is 128, and a unit processing time is
lOms (80 points in SkHz sampling ) . The smoothing processing is performed
on a11 5 logarithmic spectral amplitudes (SAi) i=1,...,N, N is the number
of FFT points). Next) in ST1109, the smoothing processing of FFT
logarithmic spectral amplitude is performed to perform smoothing on the
spectral amplitude difference of the 10 stationary noise region. The
smoothing processing is the same as that in ST1108. However) the smoothing
processing in ST1109 is not performed on all logarithmic spectral
amplitudes (SAi), but performed on a signal component with a frequency i
such that the perceptual 15 weighted logarithmic spectral amplitude (WSAi)
is equal to or less than the threshold Thl. r in the equation in ST1109 is
the same as /3 in ST1108 ( and may have the same value as (3 . Partially
smoothed logarithmic spectral amplitude SSA2i is obtained in ST1109. 20
Next, in ST1110, the randomizing processing is performed on the FFT
spectral phase. The randomizing processing is performed on a signal
component with a selected frequency in the same way as in the smoothing
processing in ST1109 . In other words , as in ST1109 , the 25 randomizing
processing is performed on the signal component with the frequency i such
that the perceptual weighted logarithmic spectral amplitude (WSAi) is equal
1 8 D E C Zpp2 55 to or less than the threshold Thl. At this point) it may
be possible to set Thl at the same value as in ST1109 and also possible to
set Thl at a different value adjusted to obtain higher subjective quality.
In addition, 5 random ( i ) in ST1110 is a numerical value ranging from -2
TC to +2 TC generated randomly. To generate random ( i ) , it may be
possible to generate a random number newly every time. To save a
computation amount, it may be also possible to hold pre-generated random
numbers in a table 10 to use while circulating the contents of the table
for each unit processing time. When the table is used, two cases are
considered that the contents of the table is used without modification, and
that the contents of the table is added to the FFT spectral phase to use.
15 Next, in ST1111, a complex FFT spectrum is generated from the FFT
logarithmic spectral amplitude and FFT spectral phase. The real part is
obtained by returning the FFT logarithmic spectral amplitude SSA2i from the
logarithmic region to the linear region, and 20 then multiplying by a
cosine of a spectral phase RSP2i. The imaginary part is obtained by
returning the FFT logarithmic spectral amplitude SSA2i from the logarithmic
region to the linear region, and then multiplying by a sine of the spectral
phase RSP2i. 



25 Next, in ST1112, the number of the counter indicative of the region
judged as the stationary noise region is incremented by 1.   1 8 D E C 200Z
56 On the other hand, when it is judged that the decodedsignal is the
speech region (not the stationary noiseregion) in ST1106 or ST1107, next in
ST1113, the FFTlogarithmic spectral amplitude SAi is copied as the5smoothed
logarithmic spectrum SSA21. In other words,the smoothing processing of the
logarithmic spectralamplitude is not performed.Next, in ST1114) the
randomizing processing of the p performed. The randomizing FFT spectral
hase is10processing is performed on a signal component with aselected
frequency as in ST1110. However, the thresholdfor use in selecting the
frequency is not Thl , but a valueobtained by adding a constant k4 to SSAi
previouslyobtained in ST1108. This threshold equals to the
second15threshold Th2i in FIG.6. In other words, therandomizing~of the
spectral phase is performed on asignal component with a frequency such that
the spectralamplitude is smaller than the average spectral amplitudeof the
stationary noise region.20Next, in ST1115, a complex FFT spectrum
isgenerated from the FFT logarithmic spectral amplitudeand FFT spectral
phase. The real part is obtained byadding the value obtained by returning
the FFTlogarithmic spectral amplitude SSA21 from the25logarithmic region to
the linear region) and thenmultiplying by the cosine of the spectral phase
RSP21,and a value obtained by multiplying a value obtained by   ~ 8 D E C
2t102 57 returning the FFT logarithmic spectral amplitude SSAi from the
logarithmic region to the linear region by a cosine of a spectral phase
random2(i), and further multiplying the resultant by the constant k5. The 5
imaginary part is obtained by adding the value obtained by returning the
FFT logarithmic spectral amplitude SSA21 from the logarithmic region to the
linear region, and then multiplying by the sine of the spectral phase
RSP21, and a value obtained by multiplying a value 10 obtained by returning
the FFT logarithmic spectral amplitude SSAi from the logarithmic region to
the linear region by a sine of the spectral phase random2 ( i ) , and
further multiplying the resultant by the constant k5. The constant k5 is in
the range of 0.0 to 1.0, and 15 specifically set at about 0.25. In
addition, k5 may be 



an adaptively controlled variable. It is possible to improve the subjective
qualities of the background stationary noise in the speech region by
multiplexing the average stationary noise multiplied by k. The 20
random2(i) is the same random number as random(i). Next ( in ST1116 , IFFT
is performed on complex FFT spectrum (Re(S2)i, Im(S2)i) generated in ST1111
or ST1115 to obtain a complex (Re(s2)i, Im(s2)i). Finally, in ST1117, the
real part Re(s2)i of the 25 complex obtained by the IFFT is output.
According to the multimode speech coding apparatus of the present
invention, since the coding mode of the   Y 1 8 D E C ZOp2 58 second coding
section is determined using the codedresult in the first coding section, it
is possible toprovide the second coding section with the multimodewithout
adding any new information indicative of a mode,5and thereby to improve the
coding performance.In this constitution ) the mode switching
sectionswitches the mode of the second coding section thatencodes the
excitation vector using the quantizedparameter indicative of speech
spectral characteristic,10whereby in the speech coding apparatus that
encodesparameters indicative of spectral characteristics andparameters
indicative of the excitation vectorindependently of each other, it is
possible to providethe coding of the excitation vector with the
multimode15without increasing new transmission information, andtherefore to
improve the coding performance.In this case, since it is possible to detect
thestationary noise segment using dynamic characteristicsfor the mode
selection, the excitation vector coding20provided with the multimode
improves the codingperformance for the stationary noise segment.Further) in
this case, the mode switching sectionswitches the mode of the processing
section that encodesthe excitation vector using quantized LSP
parameters,25and therefore it is possible to apply the presentinvention
simply to a CELP system that uses the LSPparameters as parameters
indicative of spectral   1 8 D E C 2002 59 characteristics.
Furthermore,sincethe LSP parameters that are parameters in a frequency
region are used, it is possible to perform the judgment of the stationarity
of the spectrum) and therefore to improve 



5 the coding performance for stationary noises. Moreover, in this case, the
mode switching section judges the stationarity of the quantized LSP using
the previous and current quantized LSP parameters, judges the voiced
characteristics using the current quantized 10 LSP) and based on the
judgment results ) performs the mode selection of the processing section
that encodes the excitation vector) whereby it is possible to perform the
coding of the excitation vector while switching between the stationary
noise segment, unvoiced speech segment 15 and voiced speech segment, and
therefore to improve the coding performance by preparing the coding mode of
the excitation vector corresponding to each segment. In the speech decoding
apparatus of the present invention, since it is possible to detect the case
that 20 the power of a decoded signal is suddenly increased ) it is
possible to cope With the case that a detection error is caused by the
above-mentioned processing section that detects the speech region. Further,
in the speech decoding apparatus of the 25 present invention, since it is
possible to detect the stationary noise segment using dynamic
characteristics, the excitation vector coding provided with the multimode
1 8 D E C 2p02 



60 the excitation vector coding provided with the multimode improves the
coding performance for the stationary noise segment. As described above,
according to the present 5 invention, since the mode selection of speech
coding and/or decoding postprocessing is performed using the static and
dynamic characteristics in the quantized data of parameters indicative of
spectral characteristics, it is possible t provide the speech coding with
the 10 multimode without newly transmitting the mode information. In
particular) since it is possible to perform the judgment of the speech
region/non-speech region in addition to the judgment of the voiced
region/unvoiced region, it is possible to provide the 15 speech coding
apparatus and speech decoding apparatus enabling the increased improvement
of the coding performance by the multimode. This application is based on
the Japanese Patent Applications No.HEIlO-236147 filed on August 21( 1988(
20 and No.HEIlO-266883 filed on September 21) 1988, entire content of which
is expressly incorporated by reference herein. Industrial Applicability 25
The present invention is effectively applicable to a communication terminal
apparatus and base station apparatus in a digital radio communication
system.   ~ 8 DEC 2t102 61 CLAIMS 



A quantized-LSP-parameter dynamic characteristic extractor comprising:
means for calculating an evolution of a quantized LSP parameter between
frames; means for calculating an average quantized LSP parameter in a frame
in which the quantized LSP parameter is stationary; and means for
calculating a distance between said average quantized LSP parameter and a
current quantized LSP parameter.   18 DEC ~ 62 2. A quantized-LSP-parameter
dynamic characteristic extracting method comprising the step of:
calculating an evolution of a quantized LSP parameter between frames;
calculating an average quantized LSP parameter in a frame in which the
quantized LSP parameter is stationary; and calculating a distance between
said average quantized LSP parameter and a current quantized LSP parameter.
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