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Description

[0001] The present invention relates to the compres-
sion (coding) of audio signals, for example, speech sig-
nals, using a predictive coding system.
[0002] As taught in the literature of signal compres-
sion, speech and music waveforms are coded by very
different coding techniques. Speech coding, such as tel-
ephone-bandwidth (3.4 kHz) speech coding at or below
16 kb/s, has been dominated by time-domain predictive
coders. These coders use speech production models to
predict speech waveforms to be coded. Predicted wave-
forms are then subtracted from the actual (original)
waveforms (to be coded) to reduce redundancy in the
original signal. Reduction in signal redundancy provides
coding gain. Examples of such predictive speech coders
include Adaptive Predictive Coding, Multi-Pulse Linear
Predictive Coding, and Code-Excited Linear Prediction
(CELP) Coding, all well known in the art of speech signal
compression.
[0003] On the other hand, wideband (0 - 20 kHz) mu-
sic coding at or above 64 kb/s has been dominated by
frequency-domain transform or sub-band coders.
These music coders are fundamentally very different
from the speech coders discussed above. This differ-
ence is due to the fact that the sources of music, unlike
those of speech, are too varied to allow ready prediction.
Consequently, models of music sources are generally
not used in music coding. Instead, music coders use
elaborate human hearing models to code only those
parts of the signal that are perceptually relevant. That
is, unlike speech coders which commonly use speech
production models, music coders employ hearing --
sound reception -- models to obtain coding gain.
[0004] In music coders, hearing models are used to
determine a noise masking capability of the music to be
coded. The term "noise masking capability" refers to
how much quantization noise can be introduced into a
music signal without a listener noticing the noise. This
noise masking capability is then used to set quantizer
resolution (e.g., quantizer stepsize). Generally, the
more "tonelike" music is, the poorer the music will be at
masking quantization noise and, therefore, the smaller
the required quantizer stepsize will be, and vice versa.
Smaller stepsizes correspond to smaller coding gains,
and vice versa. Examples of such music coders include
AT&T's Perceptual Audio Coder (PAC) and the ISO
MPEG audio coding standard.
[0005] In between telephone-bandwidth speech cod-
ing and wideband music coding, there lies wideband
speech coding, where the speech signal is sampled at
16 kHz and has a bandwidth of 7 kHz. The advantage
of 7 kHz wideband speech is that the resulting speech
quality is much better than telephone-bandwidth
speech, and yet it requires a much lower bit-rate to code
than a 20 kHz audio signal. Among those previously pro-
posed wideband speech coders, some use time-domain
predictive coding, some use frequency-domain trans-

form or sub-band coding, and some use a mixture of
time-domain and frequency-domain techniques.
[0006] The inclusion of perceptual criteria in predic-
tive speech coding, wideband or otherwise, has been
limited to the use of a perceptual weighting filter in the
context of selecting the best synthesized speech signal
from among a plurality of candidate synthesized speech
signals. See, e.g., U.S. Patent No. Re. 32,580 to Atal et
al. Such filters accomplish a type of noise shaping which
is useful in reducing noise in the coding process. One
known coder attempts to improve upon this technique
by employing a perceptual model in the formation of that
perceptual weighting filter. See W. W. Chang et al., "Au-
dio Coding Using Masking-Threshold Adapted Percep-
tual Filter," Proc. IEEE Workshop Speech Coding for
Telecomm., pp. 9-10, October 1993.
[0007] WO-A-9013111 discloses apparatus and
method for reconstructing non-quantized adaptively
transformed voice signals which are shown to include
noise shaping wherein the spectral envelope is scaled
prior to generating bit allocation and energy substitution
which is achieved after dequantization by generating the
spectral envelope information for each block of trans-
form coefficients based upon side information, generat-
ing transform coefficients which correspond to trans-
form coefficients which were not dequantized and for
substituting the generated transform coefficients into
said blocks; and transforming said blocks of dequan-
tized transform coefficients and generated transform co-
efficients from said transform domain into said time do-
main. Generating transform coefficients is accom-
plished by determining from the bit allocation signal to
which of the transform coefficients no bits were allocat-
ed, retrieving the spectral envelope information corre-
sponding to the transform coefficients to which no bits
were allocated, providing a positive or negative sign to
each item of spectral envelope information so retrieved,
scaling the magnitude of each item of spectral envelope
information so retrieved, and by substituting each item
of spectral envelope information so retrieved into the
block of dequantized transform coefficients after each
item has been given a sign and scaled.
[0008] A method according to the invention is as set
out in claim 1, preferred forms being set out in the de-
pendent claims.
[0009] An illustrative embodiment of the present in-
vention, referred to as "Transform Predictive Coding",
or TPC, encodes 7 kHz wideband speech at a target bit-
rate of 16 to 32 kb/s. As its name implies, TPC combines
transform coding and predictive coding techniques in a
single coder. More specifically, the coder uses linear
prediction to remove the redundancy from the input
speech waveform and then use transform coding tech-
niques to encode the resulting prediction residual. The
transformed prediction residual is quantized based on
knowledge in human auditory perception, expressed in
terms of a auditory perceptual model, to encode what is
audible and discard what is inaudible.
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[0010] An important feature of the illustrative embod-
iment concerns how the TPC coder allocates bits among
coder frequencies and how the decoder generates a
quantized output signal based on the allocated bits. In
certain circumstances, the TPC coder allocates bits only
to a portion of the audio band (for example, bits may be
allocated to coefficients between 0 and 4 kHz, only). No
bits are allocated to represent coefficients between 4
kHz and 7 kHz and, thus, the decoder gets no coeffi-
cients in this frequency range. Such a circumstance oc-
curs when, for example, the TPC coder has to operate
at very low bit rates, e.g., 16 kb/s. Despite having no bits
representing the coded signal in the 4 kHz and 7 kHz
frequency range, the decoder must still synthesize a sig-
nal in this range if it is to provide a wideband response.
According to this feature of the embodiment, the decod-
er generates - that is, synthesizes - coefficient signals
in this range of frequencies based on other available in-
formation - a ratio of an estimate of the signal spectrum
(obtained from LPC parameters) to a noise masking
threshold at frequencies in the range. Phase values for
the coefficients are selected at random. By virtue of this
technique, the decoder can provide a wideband re-
sponse without the need to transmit speech signal co-
efficients for the entire band.
[0011] The potential applications of a wideband
speech coder include ISDN video-conferencing or au-
dio-conferencing, multimedia audio, "hi-fi" telephony,
and simultaneous voice and data (SVD) over dial-up
lines using modems at 28.8 kb/s or higher.
[0012] Figure 1 presents an illustrative coder embod-
iment of the present invention.
[0013] Figure 2 presents a detailed block diagram of
the LPC analysis processor of Figure 1.
[0014] Figure 3 presents a detailed block diagram of
the pitch prediction processor of Figure 1.
[0015] Figure 4 presents a detailed block diagram of
the transform processor of Figure 1.
[0016] Figure 5 presents a detailed block diagram of
the hearing model and quantizer control processor of
Figure 1.
[0017] Figure 6 presents an attenuation function of an
LPC power spectrum used in determining a masking
threshold for adaptive bit allocation.
[0018] Figure 7 presents a general bit allocation of the
coder embodiment of Figure 1.
[0019] Figure 8 presents an illustrative decoder em-
bodiment of the present invention.
[0020] Figure 9 presents a flow diagram illustrating
processing performed to determine an estimated mask-
ing threshold function.
[0021] Figure 10 presents a flow diagram illustrating
processing performed to synthesize the magnitude and
phase of residual fast Fourier transform coefficients for
use by the decoder of Figure 8.

A. Introduction to the Illustrative Embodiments

[0022] For clarity of explanation, the illustrative em-
bodiment of the present invention is presented as com-
prising individual functional blocks (including functional
blocks labeled as "processors"). The functions these
blocks represent may be provided through the use of
either shared or dedicated hardware, including, but not
limited to, hardware capable of executing software. For
example, the functions of processors presented in Fig-
ures 1-5 and 8 may be provided by a single shared proc-
essor. (Use of the term "processor" should not be con-
strued to refer exclusively to hardware capable of exe-
cuting software.)
[0023] Illustrative embodiments may comprise digital
signal processor (DSP) hardware, such as the AT&T
DSP16 or DSP32C, read-only memory (ROM) for stor-
ing software performing the operations discussed be-
low, and random access memory (RAM) for storing DSP
results. Very large scale integration (VLSI) hardware
embodiments, as well as custom VLSI circuitry in com-
bination with a general purpose DSP circuit, may also
be provided.
[0024] Figure 1 presents an illustrative TPC speech
coder embodiments of the present invention. The TPC
coder comprises an LPC analysis processor 10, an LPC
(or "short-term") prediction error filter 20, a pitch-predic-
tion (or "long-term" prediction) processor 30, a trans-
form processor 40, a hearing model quantizer control
processor 50, a residual quantizer 60, and a bit stream
multiplexer (MUX) 70.
[0025] In accordance with the embodiment, short-
term redundancy is removed from an input speech sig-
nal, s, by the LPC prediction error filter 20. The resulting
LPC prediction residual signal, d, still has some long-
term redundancy due to the pitch periodicity in voiced
speech. Such long-term redundancy is then removed by
the pitch-prediction processor 30. After pitch prediction,
the final prediction residual signal, e, is transformed into
the frequency domain by transform processor 40 which
implements a Fast Fourier Transform (FFT). Adaptive
bit allocation is applied by the residual quantizer 60 to
assign bits to prediction residual FFT coefficients ac-
cording to their perceptual importance as determined by
the hearing model quantizer control processor 50.
[0026] Codebook indices representing (a) the LPC
predictor parameters (il); (b) the pitch predictor param-
eters (ip, it); (c) the transform gain levels (ig); and (d) the
quantized prediction residual (ir) are multiplexed into a
bit stream and transmitted over a channel to a decoder
as side information. The channel may comprise any suit-
able communication channel, including wireless chan-
nels, computer and data networks, telephone networks;
and may include or consist of memory, such as, solid
state memories (for example, semiconductor memory),
optical memory systems (such as CD-ROM), magnetic
memories (for example, disk memory), etc.
[0027] The TPC decoder basically reverses the oper-
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ations performed at the encoder. It decodes the LPC
predictor parameters, the pitch predictor parameters,
and the gain levels and FFT coefficients of the prediction
residual. The decoded FFT coefficients are transformed
back to the time domain by applying an inverse FFT. The
resulting decoded prediction residual is then passed
through a pitch synthesis filter and an LPC synthesis fil-
ter to reconstruct the speech signal.
[0028] To keep the complexity as low as possible,
open-loop quantization is employed by the TPC. Open-
loop quantization means the quantizer attempts to min-
imize the difference between the unquantized parame-
ter and its quantized version, without regard to the ef-
fects on the output speech quality. This is in contrast to,
for example, CELP coders, where the pitch predictor,
the gain, and the excitation are usually close-loop quan-
tized. In closed-loop quantization of a coder parameter,
the quantizer codebook search attempts to minimize the
distortion in the final reconstructed output speech. Nat-
urally, this generally leads to a better output speech
quality, but at the price of a higher codebook search
complexity.

B. An Illustrative Coder Embodiment

1. The LPC Analysis and Prediction

[0029] A detailed block diagram of LPC analysis proc-
essor 10 is presented in Figure 2. Processor 10 com-
prises a windowing and autocorrelation processor 210;
a spectral smoothing and white noise correction proc-
essor 215; a Levinson-Durbin recursion processor 220;
a bandwidth expansion processor 225; an LPC to LSP
conversion processor 230; and LPC power spectrum
processor 235; an LSP quantizer 240; an LSP sorting
processor 245; an LSP interpolation processor 250; and
an LSP to LPC conversion processor 255.
[0030] Windowing and autocorrelation processor 210
begins the process of LPC coefficient generation. Proc-
essor 210 generates autocorrelation coefficients, r, in
conventional fashion, once every 20 ms from which LPC
coefficients are subsequently computed, as discussed
below. See Rabiner, L. R. et al., Digital Processing of
Speech Signals, Prentice-Hall, Inc., Englewood Cliffs,
New Jersey, 1978 (Rabiner et al.). The LPC frame size
is 20 ms (or 320 speech samples at 16 kHz sampling
rate). Each 20 ms frame is further divided into 5 sub-
frames, each 4 ms (or 64 samples) long. LPC analysis
processor uses a 24 ms Hamming window which is cen-
tered at the last 4 ms subframe of the current frame, in
conventional fashion.
[0031] To alleviate potential ill-conditioning, certain
conventional signal conditioning techniques are em-
ployed. A spectral smoothing technique (SST) and a
white noise correction technique are applied by spectral
smoothing and white noise correction processor 215 be-
fore LPC analysis. The SST, well-known in the art (To-
hkura, Y. et al., "Spectral Smoothing Technique in PAR-

COR Speech Analysis-Synthesis," IEEE Trans.
Acoust., Speech, Signal Processing, ASSP-26:
587-596, December 1978 (Tohkura et al.)) involves mul-
tiplying an calculated autocorrelation coefficient array
(from processor 210) by a Gaussian window whose
Fourier transform corresponds to a probability density
function (pdf) of a Gaussian distribution with a standard
deviation of 40 Hz. The white noise correction, also con-
ventional (Chen, J.-H., "A Robust Low-Delay CELP
Speech Coder at 16 kbit/s, Proc. IEEE Global Comm.
Conf., pp. 1237-1241, Dallas, TX, November 1989.), in-
creases the zero-lag autocorrelation coefficient (i.e., the
energy term) by 0.001%.
[0032] The coefficients generated by processor 215
are then provided to Levinson-Durbin recursion proces-
sor 220, which generates 16 LPC coefficients, ai for
i=1,2,...,16 (the order of the LPC predictor 20 is 16) in
conventional fashion.
[0033] Bandwidth expansion processor 225 multiplies
each ai by a factor gi, where gi=0.994, for further signal
conditioning. This corresponds to a bandwidth expan-
sion of 30 Hz. (Tohkura et al.).
[0034] After such a bandwidth expansion, the LPC
predictor coefficients are converted to the Line Spectral
Pair (LSP) coefficients by LPC to LSP conversion proc-
essor 230 in conventional fashion. See Soong, F. K. et
al., "Line Spectrum Pair (LSP) and Speech Data Com-
pression," Proc. IEEE Int. Conf. Acoust., Speech, Signal
Processing, pp. 1.10.1-1.10.4, March 1984 (Soong et
al.).
[0035] Vector quantization (VQ) is then provided by
vector quantizer 240 to quantize the resulting LSP co-
efficients. The specific VQ technique employed by proc-
essor 240 is similar to the split VQ proposed in Paliwal,
K. K. et al., "Efficient Vector Quantization of LPC Param-
eters at 24 bits/frame," Proc. IEEE Int. Conf. Acoust.,
Speech, Signal Processing, pp. 661-664, Toronto, Can-
ada, May 1991 (Paliwal et al.). The 16-dimensional LSP
vector is split into 7 smaller sub-vectors having the di-
mensions of 2, 2, 2, 2, 2, 3, 3, counting from the low-
frequency end. Each of the 7 sub-vectors are quantized
to 7 bits (i.e., using a VQ codebook of 128 codevectors).
Thus, there are seven codebook indices, il(1) - il(7),
each index being seven bits in length, for a total of 49
bits per frame used in LPC parameter quantization.
These 49 bits are provided to MUX 70 for transmission
to the decoder as side information.
[0036] Processor 240 performs its search through the
VQ codebook using a conventional weighted mean-
square error (WMSE) distortion measure, as described
in Paliwal et al. The codebook used is determined with
conventional codebook generation techniques well-
known in the art. A conventional MSE distortion meas-
ure can also be used instead of the WMSE measure to
reduce the coder's complexity without too much degra-
dation in the output speech quality.
[0037] Normally LSP coefficients monotonically in-
crease. However, quantization may result in a disruption
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of this order. This disruption results in an unstable LPC
synthesis filter in the decoder. To avoid this problem, the
LSP sorting processor 245 sorts the quantized LSP co-
efficients to restore the monotonically increasing order
and ensure stability.
[0038] The quantized LSP coefficients are used in the
last subframe of the current frame. Linear interpolation
between these LSP coefficients and those from the last
subframe of the previous frame is performed to provide
LSP coefficients for the first four subframes by LSP in-
terpolation processor 250, as is conventional. The inter-
polated and quantized LSP coefficients are then con-
verted back to the LPC predictor coefficients for use in
each subframe by LSP to LPC conversion processor
255 in conventional fashion. This is done in both the en-
coder and the decoder. The LSP interpolation is impor-
tant in maintaining the smooth reproduction of the output
speech. The LSP interpolation allows the LPC predictor
to be updated once a subframe (4 ms) in a smooth fash-
ion. The resulting LPC predictor 20 is used to predict the
coder's input signal. The difference between the input
signal and its predicted version is the LPC prediction re-
sidual, d.

2. Pitch Prediction

[0039] Pitch prediction processor 30 comprises a
pitch extraction processor 410, a pitch tap quantizer
415, and three-tap pitch prediction error filter 420, as
shown in Figure 3. Processor 30 is used to remove the
redundancy in the LPC prediction residual, d, due to
pitch periodicity in voiced speech. The pitch estimate
used by processor 30 is updated only once a frame
(once every 20 ms). There are two kinds of parameters
in pitch prediction which need to be quantized and trans-
mitted to the decoder: the pitch period corresponding to
the period of the nearly periodic waveform of voiced
speech, and the three pitch predictor coefficients (taps).
[0040] The pitch period of the LPC prediction residual
is determined by pitch extraction processor 410 using a
modified version of the efficient two-stage search tech-
nique discussed in U.S.Patent No. 5,327,520, entitled
"Method of Use of Voice Message Coder/Decoder," and
incorporated by reference as if set forth fully herein.
Processor 410 first passes the LPC residual through a
third-order elliptic lowpass filter to limit the bandwidth to
about 800 Hz, and then performs 8:1 decimation of the
lowpass filter output. The correlation coefficients of the
decimated signal are calculated for time lags ranging
from 4 to 35, which correspond to time lags of 32 to 280
samples in the undecimated signal domain. Thus, the
allowable range for the pitch period is 2 ms to 17.5 ms,
or 57 Hz to 500 Hz in terms of the pitch frequency. This
is sufficient to cover the normal pitch range of essentially
all speakers, including low-pitched males and high-
pitched children.
[0041] After the correlation coefficients of the deci-
mated signal are calculated by processor 410, the first

major peak of the correlation coefficients which has the
lowest time lag is identified. This is the first-stage
search. Let the resulting time lag be t. This value t is
multiplied by 8 to obtain the time lag in the undecimated
signal domain. The resulting time lag, 8t, points to the
neighborhood where the true pitch period is most likely
to lie. To retain the original time resolution in the undec-
imated signal domain, a second-stage pitch search is
conducted in the range of t-7 to t+7. The correlation co-
efficients of the original undecimated LPC residual, d,
are calculated for the time lags of t-7 to t+7 (subject to
the lower bound of 32 samples and upper bound of 280
samples). The time lag corresponding to the maximum
correlation coefficient in this range is then identified as
the final pitch period, p. This pitch period, p, is encoded
into 8 bits with a conventional VQ codebook and the 8-bit
codebook index, ip, is provided to the MUX 70 for trans-
mission to the decoder as side information. Eight bits
are sufficient to represent the pitch period since there
are only 280-32+1=249 possible integers that can be se-
lected as the pitch period.
[0042] The three pitch predictor taps are jointly deter-
mined in quantized form by pitch-tap quantizer 415.
Quantizer 415 comprises a conventional VQ codebook
having 64 codevectors representing 64 possible sets of
pitch predictor taps. The energy of the pitch prediction
residual within the current frame is used as the distortion
measure of a search through the codebook. Such a dis-
tortion measure gives a higher pitch prediction gain than
a simple MSE measure on the predictor taps them-
selves. Normally, with this distortion measure the code-
book search complexity would be very high if a brute-
force approach were used. However, quantizer 415 em-
ploys an efficient codebook search technique well-
known in the art (described in U.S.Patent No.
5,327,520) for this distortion measure. While the details
of this technique will not be presented here, the basic
idea is as follows.
[0043] It can be shown that minimizing the residual
energy distortion measure is equivalent to maximizing
an inner product of two 9-dimensional vectors. One of
these 9-dimensional vectors contains only correlation
coefficients of the LPC prediction residual. The other
9-dimensional vector contains only the product terms
derived from the set of three pitch predictor taps under
evaluation. Since such a vector is signal-independent
and depends only on the pitch tap codevector, there are
only 64 such possible vectors (one for each pitch tap
codevector), and they can be pre-computed and stored
in a table -- the VQ codebook. In an actual codebook
search, the 9-dimensional vector of LPC residual corre-
lation is calculated first. Next, the inner product of the
resulting vector with each of the 64 pre-computed and
stored 9-dimensional vectors is calculated. The vector
in the stored table which gives the maximum inner prod-
uct is the winner, and the three quantized pitch predictor
taps are derived from it. Since there are 64 vectors in
the stored table, a 6-bit index, it, is sufficient to represent
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the three quantized pitch predictor taps. These 6 bits
are provided to the MUX 70 for transmission to the de-
coder as side information.
[0044] The quantized pitch period and pitch predictor
taps determined as discussed above are used to update
the pitch prediction error filter 420 once per frame. The
quantized pitch period and pitch predictor taps are used
by filter 420 to predict the LPC prediction residual. The
predicted LPC prediction residual is then subtracted
from the actual LPC prediction residual. After the pre-
dicted version is subtracted from the unquantized LPC
residual, we have the unquantized pitch prediction re-
sidual, e, which will be encoded using the transform cod-
ing approach described below.

3. The Transform Coding of the Prediction Residual

[0045] The pitch prediction residual signal, e, is en-
coded subframe-by-subframe, by transform processor
40. A detailed block diagram of processor 40 is present-
ed in Figure 4. Processor 40 comprises, an FFT proc-
essor 510, a gain processor 520, a gain quantizer 530,
a gain interpolation processor 540, and a normalization
processor 550.
[0046] FFT processor 510 computes a conventional
64-point FFT for each subframe of the pitch prediction
residual, e. This size transform avoids the so-called
"pre-echo" distortion well-known in the audio coding art.
See Jayant, N. et al., "Signal Compression Based on
Models of Human Perception," Proc. IEEE, pp.
1385-1422, October 1993 which is incorporated by ref-
erence as if set forth fully herein.

a. Gain Computation and Quantization

[0047] After each 4 ms subframe of the prediction re-
sidual is transformed to the frequency domain by proc-
essor 510, gain levels (or Root-Mean Square (RMS) val-
ues) are extracted by gain processor 520 and quantized
by gain quantizer 530 for the different frequency bands.
For each of the five subframes in the current frame, two
gain values are extracted by processor 520: (1) the RMS
value of the first five FFT coefficients from processor
510 as a low-frequency (0 to 1 kHz) gain, and (2) the
RMS value of the 17th through the 29th FFT coefficients
from processor 510 as a high-frequency (4 to 7 kHz)
gain. Thus, 235=10 gain values are extracted per frame
for use by gain quantizer 530.
[0048] Separate quantization schemes are employed
by gain quantizer 530 for the high- and the low-frequen-
cy gains in each frame. For the high-frequency (4-7 kHz)
gains, quantizer 530 encodes the high-frequency gain
of the last subframe of the current frame into 5 bits using
conventional scalar quantization. This quantized gain is
then converted by quantizer 530 into the logarithmic do-
main in terms of decibels (dB). Since there are only 32
possible quantized gain levels (with 5 bits), the 32 cor-
responding log gains are pre-computed and stored in a

table, and the conversion of gain from the linear domain
to the log domain is done by table look-up. Quantizer
530 then performs linear interpolation in the log domain
between this resulting log gain and the log gain of the
last subframe of the last frame. Such interpolation yields
an approximation (i.e., a prediction) of the log gains for
subframes 1 through 4. Next, the linear gains of sub-
frames 1 through 4, supplied by gain processor 520, are
converted to the log domain, and the interpolated log
gains are subtracted from the results. This yields 4 log
gain interpolation errors, which are grouped into two
vectors each of dimension 2.
[0049] Each 2-dimensional log gain interpolation error
vector is then conventionally vector quantized into 7 bits
using a simple MSE distortion measure. The two 7-bit
codebook indices, in addition to the 5-bit scalar repre-
senting the last subframe of the current frame, are pro-
vided to the MUX 70 for transmission to the decoder.
[0050] Gain quantizer 530 also adds the resulting 4
quantized log gain interpolation errors back to the 4 in-
terpolated log gains to obtain the quantized log gains.
These 4 quantized log gains are then converted back to
the linear domain to get the 4 quantized high-frequency
gains for subframe 1 through 4. These high-frequency
quantized gains, together with the high-frequency quan-
tized gain of subframe 5, are provided to gain interpola-
tion processor 540, for processing as described below.
[0051] Gain quantizer 530 performs the quantization
of the low-frequency (0-1 kHz) gains based on the quan-
tized high-frequency gains and the quantized pitch pre-
dictor taps. The statistics of the log gain difference,
which is obtained by subtracting the high-frequency log
gain from the low-frequency log gain of the same sub-
frame, is strongly influenced by the pitch predictor. For
those frames without much pitch periodicity, the log gain
difference would be roughly zero-mean and has a small-
er standard deviation. On the other hand, for those
frames with strong pitch periodicity, the log gain differ-
ence would have a large negative mean and a larger
standard deviation. This observation forms the basis of
an efficient quantizer for the 5 low-frequency gains in
each frame.
[0052] For each of the 64 possible quantized set of
pitch predictor taps, the conditional mean and condition-
al standard deviation of the log gain difference are
precomputed using a large speech database. The re-
sulting 64-entry tables are then used by gain quantizer
530 in the quantization of the low-frequency gains.
[0053] The low-frequency gain of the last subframe is
quantized in the following way. The codebook index ob-
tained while quantizing the pitch predictor taps is used
in table look-up operations to extract the conditional
mean and conditional standard deviation of the log gain
difference for that particular quantized set of pitch pre-
dictor taps. The log gain difference of the last subframe
is then calculated. The conditional mean is subtracted
from this unquantized log gain difference, and the re-
sulting mean-removed log gain difference is divided by
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the conditional standard deviation. This operation basi-
cally produces a zero-mean, unit-variance quantity
which is quantized to 4 bits by gain quantizer 530 using
scalar quantization.
[0054] The quantized value is then multiplied by the
conditional standard deviation, and the result is added
to the conditional mean to obtain a quantized log gain
difference. Next, the quantized high-frequency log gain
is added back to get the quantized low-frequency log
gain of the last subframe. The resulting value is then
used to perform linear interpolation of the low-frequency
log gain for subframes 1 through 4. This interpolation
occurs between the quantized low-frequency log gain of
the last subframe of the previous frame and the quan-
tized low-frequency log gain of the last subframe of the
current frame.
[0055] The 4 low-frequency log gain interpolation er-
rors are then calculated. First, the linear gains provided
by gain processor 520 are converted to the log domain.
Then, the interpolated low-frequency log gains are sub-
tracted from the converted gains. The resulting log gain
interpolation errors are normalized by the conditional
standard deviation of the log gain difference. The nor-
malized interpolation errors are then grouped into two
vectors of dimension 2. These two vectors are each vec-
tor quantized into 7 bits using a simple MSE distortion
measure, similar to the VQ scheme for the high-frequen-
cy case. The two 7-bit codebook indices, in addition to
the 4-bit scalar representing the last subframe of the cur-
rent frame, are provided to the MUX 70 for transmission
to the decoder.
[0056] Gain quantizer also multiplies the 4 quantized
values by the conditional standard deviation to restore
the original scale, and then adds the interpolated log
gain to the result. The resulting values are the quantized
low-frequency log gains for subframes 1 through 4. Fi-
nally, all 5 quantized low-frequency log gains are con-
verted to the linear domain for subsequent use by gain
interpolation processor 540.
[0057] Gain interpolation processor 540 determines
approximated gains for the frequency band of 1 to 4 kHz.
First, the gain levels for the 13th through the 16th FFT
coefficient (3 to 4 kHz) are chosen to be the same as
the quantized high-frequency gain. Then, the gain levels
for the 6th through the 12th FFT coefficient (1 to 3 kHz)
are obtained by linear interpolation between the quan-
tized low-frequency log gain and the quantized high-fre-
quency log-gain. The resulting interpolated log gain val-
ues are then converted back to the linear domain. Thus,
with the completion of the processing of the gain inter-
polation processor, each FFT coefficient from 0 to 7 kHz
(or first through the 29th FFT coefficient) has either a
quantized or an interpolated gain associated with it. A
vector of these gain values is provided to the gain nor-
malization processor 550 for subsequent processing.
[0058] Gain normalization processor 550 normalizes
the FFT coefficients generated by FFT processor 510
by dividing each coefficient by its corresponding gain.

The resulting gain-normalized FFT coefficients are then
ready to be quantized by residual quantizer 60.

b. The Bit Stream

[0059] Figure 7 presents the bit stream of the illustra-
tive embodiment of the present invention. As described
above, 49 bits/frame have been allocated for encoding
LPC parameters, 8+6=14 bits/frame have been allocat-
ed for the 3-tap pitch predictor, and 5+(237)+4+(237)
=37 bits/frame for the gains. Therefore, the total number
of side information bits is 49+14+37=100 bits per 20 ms
frame, or 20 bits per 4 ms subframe. Consider that the
coder might be used at one of three different rates: 16,
24 and 32 kb/s. At a sampling rate of 16 kHz, these three
target rates translate to 1, 1.5, and 2 bits/sample, or 64,
96, and 128 bits/subframe, respectively. With 20 bits/
subframe used for side information, the numbers of bits
remaining to use in encoding the main information (en-
coding of FFT coefficients) are 44, 76, and 108 bits/sub-
frame for the three rates of 16, 24, and 32 kb/s, respec-
tively.

c. Adaptive Bit Allocation

[0060] In accordance with the principles of the present
invention, adaptive bit allocation is performed to assign
these remaining bits to various parts of the frequency
spectrum with different quantization accuracy, in order
to enhance the perceptual quality of the output speech
at the TPC decoder. This is done by using a model of
human sensitivity to noise in audio signals. Such models
are known in the art of perceptual audio coding. See, e.
g., Tobias, J. V., ed., Foundations of Modern Auditory
Theory, Academic Press, New York and London, 1970.
See also Schroeder, M. R. et al., "Optimizing Digital
Speech Coders by Exploiting Masking Properties of the
Human Ear," J. Acoust. Soc. Amer., 66:1647-1652, De-
cember 1979 (Schroeder, et al.).
[0061] Hearing model and quantizer control proces-
sor 50 comprises LPC power spectrum processor 510,
masking threshold processor 515, and bit allocation
processor 520. While adaptive bit allocation might be
performed once every subframe, the illustrative embod-
iment of the present invention performs bit allocation
once per frame in order to reduce computational com-
plexity.
[0062] Rather than using the unquantized input signal
to derive the noise masking threshold and bit allocation,
as is done in conventional music coders, the noise
masking threshold and bit allocation of the illustrative
embodiment are determined from the frequency re-
sponse of the quantized LPC synthesis filter (which is
often referred to as the "LPC spectrum"). The LPC spec-
trum can be considered an approximation of the spectral
envelope of the input signal within the 24 ms LPC anal-
ysis window. The LPC spectrum is determined based on
the quantized LPC coefficients. The quantized LPC co-
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efficients are provided by the LPC analysis processor
10 to the LPC spectrum processor 510 of the hearing
model and quantizer control processor 50. Processor
510 determines the LPC spectrum as follows. The quan-
tized LPC filter coefficients (ã) are first transformed by
a 64-point FFT. The power of the first 33 FFT coefficients
is determined and the reciprocals of these power values
are then calculated. The result is the LPC power spec-
trum which has the frequency resolution of a 64-point
FFT.
[0063] After the LPC power spectrum is determined,
an estimated noise masking threshold is computed by
the masking threshold processor 515. The masking
threshold, TM, is calculated using a modified version of
the method described in U.S. Patent No. 5,314,457.
Processor 515 scales the 33 samples of LPC power
spectrum from processor 510 by a frequency-depend-
ent attenuation function empirically determined from
subjective listening experiments. As shown in Figure 6,
the attenuation function starts at 12 dB for the DC term
of the LPC power spectrum, increases to about 15 dB
between 700 and 800 Hz, then decreases monotonically
toward high frequencies, and finally reduces to 6 dB at
8000 Hz.
[0064] Each of the 33 attenuated LPC power spec-
trum samples is then used to scale a "basilar membrane
spreading function" derived for that particular frequency
to calculate the masking threshold. A spreading function
for a given frequency corresponds to the shape of the
masking threshold in response to a single-tone masker
signal at that frequency. Equation (5) of Schroeder, et
al. describes such spreading functions in terms of the
"bark" frequency scale, or critical-band frequency scale.
The scaling process begins with the first 33 frequencies
of a 64-point FFT across 0-16 kHz (i.e., 0 Hz, 250 Hz,
500 Hz,..., 8000 Hz) being converted to the "bark" fre-
quency scale. Then, for each of the 33 resulting bark
values, the corresponding spreading function is sam-
pled at these 33 bark values using equation (5) of
Schroeder et al. The 33 resulting spreading functions
are stored in a table, which may be done as part of an
off-line process. To calculate the estimated masking
threshold, each of the 33 spreading functions is multi-
plied by the corresponding sample value of the attenu-
ated LPC power spectrum, and the resulting 33 scaled
spreading functions are summed together. The result is
the estimated masking threshold function which is pro-
vided to bit allocation processor 520. Figure 9 presents
the processing performed by processor 520 to deter-
mine the estimated masking threshold function.
[0065] It should be noted that this technique for esti-
mating the masking threshold is not the only technique
available.
[0066] To keep the complexity low, the bit allocation
processor 520 uses a "greedy" technique to allocate the
bits for residual quantization. The technique is "greedy"
in the sense that it allocates one bit at a time to the most
"needy" frequency component without regard to its po-

tential influence on future bit allocation.
[0067] At the beginning when no bit is assigned yet,
the corresponding output speech will be zero, and the
coding error signal is the input speech itself. Therefore,
initially the LPC power spectrum is assumed to be the
power spectrum of the coding noise Then, the noise
loudness at each of the 33 frequencies of a 64-point FFT
is estimated using the masking threshold calculated
above and a simplified version of the noise loudness cal-
culation method in Schroeder et al.
[0068] The simplified noise loudness at each of the
33 frequencies is calculated by processor 520 as fol-
lows. First, the critical bandwidth Bi at the i-th frequency
is calculated using linear interpolation of the critical
bandwidth listed in table 1 of Scharf's book chapter in
Tobias. The result is the approximated value of the term
df/dx in equation (3) of Schroeder et al. The 33 critical
bandwidth values are pre-computed and stored in a ta-
ble. Then, for the i-th frequency, the noise power Ni is
compared with the masking threshold Mi. If Ni ≤ Mi, the
noise loudness Li is set to zero. If Ni > Mi, then the noise
loudness is calculated as

where S; is the sample value of the LPC power spectrum
at the i-th frequency.
[0069] Once the noise loudness is calculated by proc-
essor 520 for all 33 frequencies, the frequency with the
maximum noise loudness is identified and one bit is as-
signed to this frequency. The noise power at this fre-
quency is then reduced by a factor which is empirically
determined from the signal-to-noise ratio (SNR) ob-
tained during the design of the VQ codebook for quan-
tizing the prediction residual FFT coefficients. (Illustra-
tive values for the reduction factor are between 4 and 5
dB). The noise loudness at this frequency is then updat-
ed using the reduced noise power. Next, the maximum
is again identified from the updated noise loudness ar-
ray, and one bit is assigned to the corresponding fre-
quency. This process continues until all available bits
are exhausted.
[0070] For the 32 and 24 kb/s TPC coder, each of the
33 frequencies can receive bits during adaptive bit allo-
cation. For the 16 kb/s TPC coder, on the other hand,
better speech quality can be achieved if the coder as-
signs bits only to the frequency range of 0 to 4 kHz (i.e.,
the first 16 FFT coefficients) and synthesizes the resid-
ual FFT coefficients in the higher frequency band of 4
to 8 kHz. The method for synthesizing the residual FFT
coefficients from 4 to 8 kHz will be described below in
connection with the illustrative decoder.
[0071] Note that since the quantized LPC synthesis
coefficients (ã) are also available at the TPC decoder,
there is no need to transmit the bit allocation information.
This bit allocation information is determined by a replica
of the hearing model quantizer control processor 50 in

Li = Bi ((Ni-Mi)/(1+(Si/Ni)
2))0.25
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the decoder. Thus, the TPC decoder can locally dupli-
cate the encoder's adaptive bit allocation operation to
obtain such bit allocation information.

d. Quantization of FFT Coefficients

[0072] Once the bit allocation is done, the actual
quantization of normalized prediction residual FFT co-
efficients, EN, is performed by quantizer 60. The DC
term of the FFT is a real number, and it is scalar quan-
tized if it ever receives any bit during bit allocation. The
maximum number of bits it can receive is 4. For second
through the 16th FFT coefficients, a conventional two-
dimensional vector quantizer is used to quantize the real
and imaginary parts jointly. The maximum number of
bits for this 2-dimension VQ is 6 bits. For the 17th
through the 30th FFT coefficients, a conventional 4-di-
mensional vector quantizer is used to quantize the real
and imaginary parts of two adjacent FFT coefficients.

C. An Illustrative Decoder Embodiment

[0073] An illustrative decoder embodiment of the
present invention is presented in Figure 8. The illustra-
tive decoder comprises a demultiplexer (DEMUX) 65,
an LPC parameter decoder 80, a hearing model de-
quantizer control processor 90, a dequantizer 70, an in-
verse transform processor 100, a pitch synthesis filter
110, and an LPC synthesis filter 120, connected as
shown in Figure 8. As a general proposition, the decoder
embodiment perform the inverse of the operations per-
formed by the illustrative coder on the main information.
[0074] For each frame, the DEMUX 65 separates all
main and side information components from the re-
ceived bit-stream. The main information is provided to
dequantizer 70. The term "dequantize" used herein re-
fers to the generation of a quantized output based on a
coded value, such as an index. In order to dequantize
this main information, adaptive bit allocation must be
performed to determine how many of the main informa-
tion bits are associated with each quantized transform
coefficient of main information.
[0075] The first step in adaptive bit allocation is the
generation of quantized LPC coefficients (upon which
allocation depends). As discussed above, seven LSP
codebook indices, il(1) - il(7), are communicated over
the channel to the decoder to represent quantized LSP
coefficients. Quantized LSP coefficients are synthe-
sized by decoder 80 with use of a copy of the LSP code-
book (discussed above) in response to the received LSP
indices from the DEMUX 65. Finally, LPC coefficients
are derived from the LSP coefficients in conventional
fashion.
[0076] With LPC coefficients, ã, synthesized, hearing
model dequantizer control processor 90 determines the
bit allocation (based on the quantized LPC parameters)
for each FFT coefficient in the same way discussed
above in reference to the coder. Once the bit allocation

information is derived, the dequantizer 70 can then cor-
rectly decode the main FFT coefficient information and
obtain the quantized versions of the gain-normalized
prediction residual FFT coefficients.
[0077] For those frequencies which receive no bits at
all, the decoded FFT coefficients will be zero. The loca-
tions of such "spectral holes" evolve with time, and this
may result in a distinct artificial distortion which is quite
common to many transform coders. To avoid such arti-
ficial distortion, dequantizer 70 "fills in" the spectral
holes with low-level FFT coefficients having random
phases and magnitudes equal to 3 dB below the quan-
tized gain.
[0078] For 32 and 24 kb/s coders, bit allocation is per-
formed for the entire frequency band, as described
above in the discussion of the encoder. For the 16 kb/s
coder, bit allocation is restricted to the 0 to 4 kHz band.
The 4 to 8 kHz band is synthesized in the following way.
First, the ratio between the LPC power spectrum and
the masking threshold, or the signal-to-masking-thresh-
old ratio (SMR), is calculated for the frequencies in 4 to
7 kHz. The 17th through the 29th FFT coefficients (4 to
7 kHz) are synthesized using phases which are random
and magnitude values that are controlled by the SMR.
For those frequencies with SMR > 5 dB, the magnitude
of the residual FFT coefficients is set to 4 dB above the
quantized high-frequency gain (RMS value of FFT co-
efficients in the 4 to 7 kHz band). For those frequencies
with SMR ≤ 5 dB, the magnitude is 3 dB below the quan-
tized high-frequency gain. From the 30th through the
33rd FFT coefficients, the magnitude ramps down from
3 dB to 30 dB below the quantized high-frequency gain,
and the phase is again random. Figure 10 illustrates the
processing which synthesizes the magnitude and phase
of the FFT coefficients.
[0079] Once all FFT coefficients are decoded, filled
in, or synthesized, they are ready for scaling. Scaling is
accomplished by inverse transform processor 100
which receives (from DEMUX 65) a 5 bit index for the
high-frequency gain and a 4 bit index for the low fre-
quency gain, each corresponding to the last subframe
of the current frame, as well as indices for the log gain
interpolation errors for the low- and high-frequency
bands of the first four subframes. These gain indices are
decoded, and the results are used to obtain the scaling
factor for each FFT coefficient, as described above in
the section describing gain computation and quantiza-
tion. The FFT coefficients are then scaled by their indi-
vidual gains.
[0080] The resulting gain-scaled, quantized FFT co-
efficients are then transformed back to the time domain
by inverse transform processor 100 using an inverse
FFT. This inverse transform yields the time-domain
quantized prediction residual,
[0081] The time-domain quantized prediction residu-
al, . is then passed through the pitch synthesis filter
110. Filter 110 adds pitch periodicity to the residual
based on a quantized pitch-period, , to yield , the
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quantized LPC prediction residual. The quantized pitch-
period is decoded from the 8 bit index, ip, obtained from
DEMUX 65. The pitch predictor taps are decoded from
the 6-bit index it, also obtained from DEMUX 65.
[0082] Finally, the quantized output speech, , is
then generated by LPC synthesis filter 120 using the
quantized LPC coefficients, ã , obtained from LPC pa-
rameter decoder 80.

D. Discussion

[0083] Although a number of specific embodiments of
this invention have been shown and described herein,
it is to be understood that these embodiments are mere-
ly illustrative of the many possible specific arrange-
ments which can be devised in application of the the in-
vention as claimed. In light of the disclosure above, nu-
merous and varied other arrangements may be devised
by those of ordinary skill in the art without departing from
the scope of the claims.
[0084] For example, good speech and music quality
may be maintained by coding only the FFT phase infor-
mation in the 4 to 7 kHz band for those frequencies
where SMR > 5dB. The magnitude is determined in the
same way as the high-frequency synthesis method de-
scribed near the end of the discussion of bit allocation.
[0085] Most CELP coders update the pitch predictor
parameters once every 4 to 6 ms to achieve more effi-
cient pitch prediction. This is much more frequent than
the 20 ms updates of the illustrative embodiment of the
TPC coder. As such, other update rates are possible,
for example, every 10 ms.
[0086] Other ways to estimate the noise loudness
may be used. Also, rather than minimizing the maximum
noise loudness, the sum of noise loudness for all fre-
quencies may be minimized. The gain quantization
scheme described previously in the encoder section has
a reasonably good coding efficiency and works well for
speech signals. An alternative gain quantization
scheme is described below. It may not have quite as
good a coding efficiency, but it is considerably simpler
and may be more robust to non-speech signals.
[0087] The alternative scheme starts with the calcu-
lation of a "frame gain," which is the RMS value of the
time-domain pitch prediction residual signal calculated
over the entire frame. This value is then converted to dB
values and quantized to 5 bits with a scalar quantizer.
For each subframe, three gain values are calculated
from the residual FFT coefficients. The low-frequency
gain and the high-frequency gain are calculated the
same way as before, i.e. the RMS value of the first 5
FFT coefficients and the RMS value of the 17th through
the 29th FFT coefficients. In addition, the middle-fre-
quency gain is calculated as the RMS value of the 6th
through the 16th FFT coefficients. These three gain val-
ues are converted to dB values, and the frame gain in
dB is subtracted from them. The result is the normalized
subframe gains for the three frequency bands.

[0088] The normalized low-frequency subframe gain
is quantized by a 4-bit scalar quantizer. The normalized
middle-frequency and high-frequency subframe gains
are jointly quantized by a 7-bit vector quantizer. To ob-
tain the quantized subframe gains in the linear domain,
the frame gain in dB is added back to the quantized ver-
sion of the normalized subframe gains, and the result is
converted back to the linear domain.
[0089] Unlike the previous method where linear inter-
polation was performed to obtain the gains for the fre-
quency band of 1 to 4 kHz, this alternative method does
not need that interpolation. Every residual FFT coeffi-
cient belongs to one of the three frequency bands where
a dedicated subframe gain is determined. Each of the
three quantized subframe gains in the linear domain is
used to normalize or scale all residual FFT coefficients
in the frequency band where the subframe gain is de-
rived from.
[0090] Note that this alternative gain quantization
scheme takes more bits to specify all the gains. There-
fore, for a given bit-rate, fewer bits are available for
quantizing the residual FFT coefficients.

Claims

1. A method for use in decoding a coded residual
speech signal based on an original input speech
signal, the method comprising generating coeffi-
cients representing frequency components of the
residual speech signal which are not included in
said coded residual speech signal, the method
comprising:

generating a ratio of an estimate of a spectrum
of the original input speech signal and a noise
masking measure associated with the original
input speech signal at each of one or more fre-
quencies; and
for one or more of said frequencies, forming a
coefficient magnitude based on said numerical
value at a corresponding frequency.

2. The method of claim 1 wherein the estimate of the
spectrum of the original input speech signal com-
prises a quantized LPC power spectrum.

3. The method of claim 1 wherein the numerical value
comprises a ratio of the estimate of the spectrum of
the original input speech signal to a perceptual
threshold.

4. The method of claim 3 wherein the step of forming
a coefficient magnitude comprises forming the mag-
nitude as a function of a quantized gain signal as-
sociated with the frequency corresponding to said
coefficient.
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5. The method of claim 4 wherein the magnitude of
said coefficients is 4 dB above said gain signal eval-
uated at said frequency when said ratio is greater
than 5 dB.

6. The method of claim 4 wherein the magnitude of
said coefficients is 3 dB below said gain signal eval-
uated at said frequency when said ratio is less than
or equal to 5 dB.

7. The method of claim 1 further comprising the step
of selecting a coefficient phase at random.

Patentansprüche

1. Verfahren zur Verwendung bei der Decodierung ei-
nes codierten Rest-Sprachsignals auf der Grundla-
ge eines ursprünglichen Eingangsprachsignals,
wobei das Verfahren das Erzeugen von Koeffizien-
ten umfaßt, die Frequenzkomponenten des Rest-
Sprachsignals darstellen, die nicht in dem codierten
Rest-Sprachsignal enthalten sind, wobei das Ver-
fahren die folgenden Schritte umfaßt:

Erzeugen eines Verhältnisses einer Abschät-
zung eines Spektrums des ursprünglichen Ein-
gangsprachsignals und eines Rauschmaskie-
rungsmaßes, das dem ursprünglichen Ein-
gangsprachsignal bei jeder von einer oder
mehreren Frequenzen zugeordnet ist; und

für eine oder mehrere der Frequenzen, Bilden
eines Koeffizientenbetrags auf der Grundlage
des numerischen Werts bei einer entsprechen-
den Frequenz.

2. Verfahren nach Anspruch 1, wobei die Abschätzung
des Spektrums des ursprünglichen Eingangsprach-
signals ein quantisiertes LPC-Leistungsspektrum
umfaßt.

3. Verfahren nach Anspruch 1, wobei der numerische
Wert ein Verhältnis der Abschätzung des Spek-
trums des ursprünglichen Eingangsprachsignals zu
einer wahrnehmungsbezogenen Schwelle umfaßt.

4. Verfahren nach Anspruch 3, wobei der Schritt des
Bildens eines Koeffizientenbetrags das Bilden des
Betrags als Funktion eines der dem Koeffizienten
entsprechenden Frequenz zugeordneten quanti-
sierten Verstärkungssignals umfaßt.

5. Verfahren nach Anspruch 4, wobei der Betrag der
Koeffizienten 4 dB über dem bei der Frequenz aus-
gewerteten Verstärkungssignal liegt, wenn das Ver-
hältnis größer als 5 dB ist.

6. Verfahren nach Anspruch 4, wobei der Betrag der
Koeffizienten 3 dB unter dem bei der Frequenz aus-
gewerteten Verstärkungssignal liegt, wenn das Ver-
hältnis kleiner oder gleich 5 dB ist.

7. Verfahren nach Anspruch 1, weiterhin mit dem
Schritt des zufälligen Auswählens einer Koeffizien-
tenphase.

Revendications

1. Procédé destiné à être utilisé dans le décodage
d'un signal de parole résiduel codé sur la base d'un
signal de parole d'entrée d'origine, le procédé com-
prenant la génération de coefficients représentant
des composantes fréquentielles du signal de parole
résiduel qui ne sont pas incluses dans ledit signal
de parole résiduel codé, le procédé comprenant :

la génération d'un rapport d'une estimation d'un
spectre du signal de parole d'entrée d'origine
et d'une mesure du masquage par le bruit as-
sociée au signal de parole d'entrée d'origine à
chacune d'une ou de plusieurs fréquences ; et
pour un ou plusieurs desdites fréquences, la
formation d'une amplitude de coefficient sur la
base dudit rapport à une fréquence correspon-
dante.

2. Procédé selon la revendication 1, dans lequel l'es-
timation du spectre du signal de parole d'entrée
d'origine comprend un spectre de puissance LPC
quantifié.

3. Procédé selon la revendication 1, dans lequel le
rapport comprend un rapport de l'estimation du
spectre du signal de parole d'entrée d'origine sur un
seuil perceptuel.

4. Procédé selon la revendication 3, dans lequel l'éta-
pe de formation d'une amplitude de coefficient com-
prend la formation de l'amplitude en fonction d'un
signal de gain quantifié associé à la fréquence cor-
respondant audit coefficient.

5. Procédé selon la revendication 4, dans lequel l'am-
plitude desdits coefficients est 4 dB au-dessus dudit
signal de gain évalué à ladite fréquence lorsque le-
dit rapport est supérieur à 5 dB.

6. Procédé selon la revendication 4, dans lequel l'am-
plitude desdits coefficients est 3 dB en dessous du-
dit signal de gain évalué à ladite fréquence lorsque
ledit rapport est inférieur ou égal à 5 dB.

7. Procédé selon la revendication 1, comprenant en
outre l'étape de sélection d'une phase de coefficient
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au hasard.
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