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Description

FIELD

[0001] The present disclosure relates to quantization of the gain of a fixed contribution of an excitation in a coded
sound signal. The present disclosure also relates to joint quantization of the gains of the adaptive and fixed contributions
of the excitation.

BACKGROUND

[0002] In a coder of a codec structure, for example a CELP (Code-Excited Linear Prediction) codec structure such as
ACELP (Algebraic Code-Excited Linear Prediction), an input speech or audio signal (sound signal) is processed in short
segments, called frames. In order to capture rapidly varying properties of an input sound signal, each frame is further
divided into sub-frames. A CELP codec structure also produces adaptive codebook and fixed codebook contributions
of an excitation that are added together to form a total excitation. Gains related to the adaptive and fixed codebook
contributions of the excitation are quantized and transmitted to a decoder along with other encoding parameters. The
adaptive codebook contribution and the fixed codebook contribution of the excitation will be referred to as "the adaptive
contribution" and “the fixed contribution" of the excitation throughout the document. US 7,191,122 B1 discloses a speech
compression system and method.

[0003] There is a need for a technique for quantizing the gains of the adaptive and fixed excitation contributions that
improve the robustness of the codec against frame erasures or packet losses that can occur during transmission of the
encoding parameters from the coder to the decoder.

SUMMARY

[0004] According to a first aspect, the present disclosure relates to a device for quantizing a gain of a fixed contribution
of an excitation in a frame, as set forth in claim 1.

[0005] The present disclosure also relates to a method for quantizing a gain of a fixed contribution of an excitation in
a frame, as set forth in claim 12.

[0006] According to a third aspect, there is provided a device for jointly quantizing gains of adaptive and fixed contri-
butions of an excitation in a frame of a coded sound signal, as set forth in claim 4.

[0007] The presentdisclosure further relates to a method for jointly quantizing gains of adaptive and fixed contributions
of an excitation in a frame of a coded sound signal, as set forth in claim 15.

[0008] According to a fifth aspect, there is provided a device for retrieving a quantized gain of a fixed contribution of
an excitation in a sub-frame of a frame, as set forth in claim 9.

[0009] The present disclosure is also concerned with a method for retrieving a quantized gain of a fixed contribution
of an excitation in a sub-frame of a frame, as set forth in claim 18.

[0010] The present disclosure is still further concerned with a device for retrieving quantized gains of adaptive and
fixed contributions of an excitation in a sub-frame of a frame, as set forth in claim 10.

[0011] According to a further aspect, the disclosure describes a method for retrieving quantized gains of adaptive and
fixed contributions of an excitation in a sub-frame of a frame, as set forth in claim 20. Preferred embodiments are set
forth in the dependent claims.

[0012] The foregoing and other features will become more apparent upon reading of the following non-restrictive
description of illustrative embodiments, given by way of example only with reference to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013] In the appended drawings:
Figure 1 is a schematic diagram describing the construction of a filtered excitation in a CELP-based coder;

Figure 2 is a schematic block diagram describing an estimator of the gain of the fixed contribution of the excitation
in a first sub-frame of each frame;

Figure 3 is a schematic block diagram describing an estimator of the gain of the fixed contribution of the excitation
in all sub-frames following the first sub-frame;

Figure 4 is a schematic block diagram describing a state machine in which estimation coefficients are calculated
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and used for designing a gain codebook for each sub-frame;
Figure 5 is a schematic block diagram describing a gain quantizer; and

Figure 6 is a schematic block diagram of another embodiment of gain quantizer equivalent to the gain quantizer of
Figure 5.

DETAILED DESCRIPTION

[0014] In the following, there is described quantization of a gain of a fixed contribution of an excitation in a coded
sound signal, as well as joint quantization of gains of adaptive and fixed contributions of the excitation. The quantization
can be applied to any number of sub-frames and deployed with any input speech or audio signal (input sound signal)
sampled at any arbitrary sampling frequency. Also, the gains of the adaptive and fixed contributions of the excitation
are quantized without the need of inter-frame prediction. The absence of inter-frame prediction results in improvement
of the robustness against frame erasures or packet losses that can occur during transmission of encoded parameters.
[0015] The gain of the adaptive contribution of the excitation is quantized directly whereas the gain of the fixed con-
tribution of the excitation is quantized through an estimated gain. The estimation of the gain of the fixed contribution of
the excitation is based on parameters that exist both at the coder and the decoder. These parameters are calculated
during processing of the current frame. Thus, no information from a previous frame is requiredin the course of quantization
or decoding which, as mentioned hereinabove, improves the robustness of the codec against frame erasures.

[0016] Although the following description will refer to a CELP (Code-Excited Linear Prediction) codec structure, for
example ACELP (Algebraic Code-Excited Linear Prediction), it should be kept in mind that the subject matter of the
present disclosure may be applied to other types of codec structures.

Optimal unquantized gains for the adaptive and fixed contributions of the excitation

[0017] Inthe art of CELP coding, the excitation is composed of two contributions: the adaptive contribution (adaptive
codebook excitation) and the fixed contribution (fixed codebook excitation). The adaptive codebook is based on long-
term prediction and is therefore related to the past excitation. The adaptive contribution of the excitation is found by
means of a closed-loop search around an estimated value of a pitch lag. The estimated pitch lag is found by means of
a correlation analysis. The closed-loop search consists of minimizing the mean square weighted error MSWE) between
a target signal (in CELP coding, a perceptually filtered version of the input speech or audio signal (input sound signal))
and the filtered adaptive contribution of the excitation scaled by an adaptive codebocok gain. The filter in the closed-loop
search corresponds to the weighted synthesis filter known in the art of CELP coding. A fixed codebook search is also
carried out by minimizing the mean squared error (MSE) between an updated target signal (after removing the adaptive
contribution of the excitation) and the filtered fixed contribution of the excitation scaled by a fixed codebook gain. The
construction of the total filtered excitation is shown in Figure 1. For further reference, an implementation of CELP coding
is described in the following document: 3GPP TS 26.190, "Adaptive Multi-Rate - Wideband (AMR-WB) speech codec;
Transcoding functions".

[0018] Figure 1is a schematic diagram describing the construction of the filtered total excitation in a CELP coder. The
input signal 101, formed by the above mentioned target signal, is denoted as x(/) and is used as a reference during the
search of gains for the adaptive and fixed contributions of the excitation. The filtered adaptive contribution of the excitation
is denoted as y(i) and the filtered fixed contribution of the excitation (innovation) is denoted as z(j). The corresponding
gains are denoted as 9p for the adaptive contribution and g, for the fixed contribution of the excitation. As illustrated in
Figure 1, an amplifier 104 applies the gain gpto the filtered adaptive contribution y(J) of the excitation and an amplifier
105 applies the gain g, to the filtered fixed contribution z(/) of the excitation. The optimal quantized gains are found by
means of minimization of the mean square of the error signal e(i) calculated through a first subtractor 107 subtracting
the signal gpy(i) at the output of the amplifier 104 from the target signal x; and a second subtractor 108 subtracting the
signal g.z(f) at the output of the amplifier 105 from the result of the subtraction from the subtractor 107. For all signals
in Figure 1, the index i denotes the different signal samples and runs from 0 to L-1, where L is the length of each sub-
frame. As well known to people skilled in the art, the filtered adaptive codebook contribution is usually computed as the
convolution between the adaptive codebook excitation vector v(n) and the impulse response of the weighted synthesis
filter h(n), thatis y(n) = v(n)*h(n). Similarly, the filtered fixed codebook excitation z(n) is given by z(n) = ¢(n)*h(n), where
c(n) is the fixed codebook excitation.

[0019] Assuming the knowledge of the target signal x(i), the filtered adaptive contribution of the excitation y(/) and the
filtered fixed contribution of the excitation z(j), the optimal set of unquantized gains 9 and g, is found by minimizing the
energy of the error signal e() given by the following relation:
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e(i) = ()= g,y(1) = g.2(), i=0,..,L-1 (1)

[0020] Equation (1) can be given in vector form as

e=X—g,y-g.L (2)

L-1
ele= Z e2(i),
and minimizing the energy of the error signal, i=0 where t denotes vector transpose, results in optimum
unquantized gains

=G 6 _ %0395
Ep.opt = 70 Scopt = 2 (3)
Cor — €y Colr —Cy

where the constants or correlations ¢, ¢4, ¢5, €3, ¢4 and cg are calculated as

! t ! ! t t
Co=YY, =Xy, C=2L C3=XZ, C=YZ C3=XX 4)

[0021] The optimum gains in Equation (3) are not quantized directly, but they are used in training a gain codebook as
will be described later. The gains are quantized jointly, after applying prediction to the gain of the fixed contribution of
the excitation. The prediction is performed by computing an estimated value of the gain g, of the fixed contribution of
the excitation. The gain of the fixed contribution of the excitation is given by g, = g.q.» Where y is a correction factor.
Therefore, each codebook entry contains two values. The first value corresponds to the quantized gain 9 of the adaptive
contribution of the excitation. The second value corresponds to the correction factor y which is used to multiply the
estimated gain g, of the fixed contribution of the excitation. The optimum index in the gain codebook (gp and y) is found
by minimizing the mean squared error between the target signal and filtered total excitation. Estimation of the gain of
the fixed contribution of the excitation is described in detail below.

Estimation of the gain of the fixed contribution of the excitation

[0022] Each frame contains a certain number of sub-frames. Let us denote the number of sub-frames in a frame as
K and the index of the current sub-frame as k. The estimation g, of the gain of the fixed contribution of the excitation
is performed differently in each sub-frame.

[0023] Figure 2 is a schematic block diagram describing an estimator 200 of the gain of the fixed contribution of the
excitation (hereinafter fixed codebook gain) in a first sub-frame of each frame.

[0024] The estimator 200 first calculates an estimation of the fixed codebook gain in response to a parameter t rep-
resentative of the classification of the current frame. The energy of the innovation codevector from the fixed codebook
is then subtracted from the estimated fixed codebook gain to take into consideration this energy of the filtered innovation
codevector. The resulting, estimated fixed codebook gain is multiplied by a correction factor selected from a gain codebook
to produce the quantized fixed codebook gain g...

[0025] In one embodiment, the estimator 200 comprises a calculator 201 of a linear estimation of the fixed codebook
gain in logarithmic domain. The fixed codebook gain is estimated assuming unity-energy of the innovation codevector
202 from the fixed codebook. Only one estimation parameter is used by the calculator 201, the parameter t representative
of the classification of the current frame. A subtractor 203 then subtracts the energy of the filtered innovation codevector
202 from the fixed codebook in logarithmic domain from the linear estimated fixed codebook gain in logarithmic domain
at the output of the calculator 201. A converter 204 converts the estimated fixed codebook gain in logarithmic domain
from the subtractor 203 to linear domain. The output in linear domain from the converter 204 is the estimated fixed
codebook gain g, A multiplier 205 multiplies the estimated gain g, by the correction factor 206 selected from the gain
codebook. As described in the preceding paragraph, the output of the multiplier 205 constitutes the quantized fixed
codebook gain g,.

[0026] The quantized gain 9 of the adaptive contribution of the excitation (hereinafter the adaptive codebook gain)
is selected directly from the gain codebook. A multiplier 207 multiplies the filtered adaptive excitation 208 from the
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adaptive codebook by the quantized adaptive codebook gain 9 to produce the filtered adaptive contribution 209 of the
filtered excitation. Another multiplier 210 muiltiplies the filtered innovation codevector 202 from the fixed codebook by
the quantized fixed codebook gain g, to produce the filtered fixed contribution 211 of the filtered excitation. Finally, an
adder 212 sums the filtered adaptive 209 and fixed 211 contributions of the excitation to form the total filtered excitation
214.

[0027] In the first sub-frame of the current frame, the estimated fixed codebook gain in logarithmic domain at the output
of the subtractor 203 is given by

Géé) =ay+al - loglo(\/Ei ) (%)

1 1

where GEO) - loglo(ggo)) )

[0028] The inner term inside the logarithm of Equation (5) corresponds to the square root of the energy of the filtered
innovation vector 202 (E; is the energy of the filtered innovation vector in the first sub-frame of frame n). This inner term
(square root of the energy E)) is determined by a first calculator 215 of the energy E; of the filtered innovation vector 202
and a calculator 216 of the square root of that energy E;. A calculator 217 then computes the logarithm of the square
root of the energy E; for application to the negative input of the subtractor 203. The inner term (square root of the energy
E;) has non-zero energy; the energy is incremented by a small amount in case of all-zero frames to avoid log(0).
[0029] The estimation of the fixed codebook gain in calculator 201 is linear in logarithmic domain with estimation
coefficients a, and a; which are found for each sub-frame by means of a mean square minimization on a large signal

database (training) as will be explained in the following description. The only estimation parameter in the equation, t,
denotes the classification parameter for frame n (in one embodiment, this value is constant for all sub-frames in frame
n). Details about classification of the frames are given below. Finally, the estimated value of the gain in logarithmic
(g(l) — 1OGS)) )
domain is converted back to the linear domain c0 by the calculator 204 and used in the search process
for the best index of the gain codebook as will be explained in the following description.

[0030] The superscript () denotes the first sub-frame of the current frame n.

[0031] As explained in the foregoing description, the parameter t representative of the classification of the current
frame is used in the calculation of the estimated fixed codebook gain g. Different codebooks can be designed for
different classes of voice signals. However, this will increase memory requirements. Also, estimation of the fixed codebook
gainin the frames following the first frame can be based on the frame classification parameter t and the available adaptive
and fixed codebook gains from previous sub-frames in the current frame. The estimation is confined to the frame boundary
to increase robustness against frame erasures.

[0032] Forexample, frames can be classified as unvoiced, voiced, generic, or transition frames. Different alternatives
can be used for classification. An example is given later below as a non-limitative illustrative embodiment. Further, the
number of voice classes can be different from the one used hereinabove. For example the classification can be only
voiced or unvoiced in one embodiment. In another embodiment more classes can be added such as strongly voiced
and strongly unvoiced.

[0033] The values for the classification estimation parameter t can be chosen arbitrarily. For example, for narrowband
signals, the values of parametertare setto: 1,3,5, and 7, forunvoiced, voiced, generic, and transition frames, respectively,
and for wideband signals, they are setto 0, 2, 4, and 6, respectively. However, other values for the estimation parameter
t can be used for each class. Including this estimation, classification parametertin the design and training for determining
estimation parameters will result in better estimation g, of the fixed codebook gain.

[0034] The sub-frames following the first sub-frame in a frame use slightly different estimation scheme. The difference
is in fact that in these sub-frames, both the quantized adaptive codebook gain and the quantized fixed codebook gain
fromthe previous sub-frame(s) in the current frame are used as auxiliary estimation parameters to increase the efficiency.
[0035] Figure 3 is a schematic block diagram of an estimator 300 for estimating the fixed codebook gain in the sub-
frames following the first sub-frame in a current frame. The estimation parameters include the classification parameter
t and the quantized values (parameters 301) of both the adaptive and fixed codebook gains from previous sub-frames
of the current frame. These parameters 301 are denoted as g,(1), g;{"), g,(), g2, etc. where the superscript refers to
first, second and other previous sub-frames. An estimation of the fixed codebook gain is calculated and is multiplied by
a correction factor selected from the gain codebook to produce a quantized fixed codebook gain g,, forming the gain of
the fixed contribution of the excitation (this estimated fixed codebook gain is different from that of the first sub-frame).
[0036] Inoneembodiment, a calculator 302 computes a linear estimation of the fixed codebook gain again in logarithmic
domain and a converter 303 converts the gain estimation back to linear domain. The quantized adaptive codebook gains
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gp“ ), gp(z), etc. from the previous sub-frames are supplied to the calculator 302 directly while the quantized fixed codebook
gains g1, g, etc. from the previous sub-frames are supplied to the calculator 302 in logarithmic domain through a
logarithm calculator 304. A multiplier 305 then multiplies the estimated fixed codebook gain g (which is different from
that of the first sub-frame) from the converter 303 by the correction factor 306, selected from the gain codebook. As
described in the preceding paragraph, the multiplier 305 then outputs a quantized fixed codebook gain g, forming the
gain of the fixed contribution of the excitation.

[0037] A first multiplier 307 multiplies the filtered adaptive excitation 308 from the adaptive codebook by the quantized
adaptive codebook gain 9 selected directly from the gain codebook to produce the adaptive contribution 309 of the
excitation. A second multiplier 310 multiplies the filtered innovation codevector 311 from the fixed codebook by the
quantized fixed codebook gain g, to produce the fixed contribution 312 of the excitation. An adder 313 sums the filtered
adaptive 309 and filtered fixed 312 contributions of the excitation together so as to form the total filtered excitation 314
for the current frame.

[0038] The estimated fixed codebook gain from the calculator 302 in the &t sub-frame of the current frame in logarithmic
domain is given by

k k-1 i i
G® Zlog, - (oF) *)
where ¢ glo(gc ) is the quantized fixed codebook gain in logarithmic domain in sub-frame k, and gp is

the quantized adaptive codebook gain in sub-frame k.

[0039] Forexample, in one embodiment, four (4) sub-frames are used (K=4) so the estimated fixed codebook gains,
in logarithmic domain, in the second, third, and fourth sub-frames from the calculator 302 are given by the following
relations:

G =ag+ayt + bGP + b,

G =ay +ayt + BiGD + b g + 5,62 + bygl?),

and

G =ap +ap+ G +bgl) + 5,6 +bsgl? +5,G + b D).

[0040] The above estimation of the fixed codebook gain is based on both the quantized adaptive and fixed codebook
gains of all previous sub-frames of the current frame. There is also another difference between this estimation scheme
and the one used in the first sub-frame. The energy of the filtered innovation vector from the fixed codebook is not
subtracted from the linear estimation of the fixed codebook gain in the logarithmic domain from the calculator 302. The
reason comes from the use of the quantized adaptive codebook and fixed codebook gains from the previous sub-frames
in the estimation equation. In the first sub-frame, the linear estimation is performed by the calculator 201 assuming unit
energy of the innovation vector. Subsequently, this energy is subtracted to bring the estimated fixed codebook gain to
the same energetic level as its optimal value (or at least close to it). In the second and subsequent sub-frames, the
previous quantized values of the fixed codebook gain are already at this level so there is no need to take the energy of
the filtered innovation vector into consideration. The estimation coefficients a; and b; are different for each sub-frame
and they are determined offline using a large training database as will be described later below.

Calculation of estimation coefficients

[0041] An optimal set of estimation coefficients is found on a large database containing clean, noisy and mixed speech
signals in various languages and levels and with male and female talkers.

[0042] The estimation coefficients are calculated by running the codec with optimal unguantized values of adaptive
and fixed codebook gains on the large database. Itis reminded that the optimal unquantized adaptive and fixed codebook
gains are found according to Equations (3) and (4).

[0043] In the following description it is assumed that the database comprises N+1 frames, and the frame indexis n =
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0,...,N. The frame index n is added to the parameters used in the training which vary on a frame basis (classification,
first sub-frame innovation energy, and optimum adaptive and fixed codebook gains).

[0044] The estimation coefficients are found by minimizing the mean square error between the estimated fixed code-
book gain and the optimum gain in the logarithmic domain over all frames in the database.

[0045] For the first sub-frame, the mean square error energy is given by

N )
EQ = Y[ G -toguy (8 (m) | ™)
n=0

[0046] From Equation (5), the estimated fixed codebook gain in the first sub-frame of frame n is given by

GL)(n) = ag +a(n) - logjo(yEi(n)),

then the mean square error energy is given by

N 2
ED-Y [ao + ayt(m) ~logio(YED () —loglo(géfzp,(n»} . @)

n=0

[0047] Inabove equation above (8), E, s the total energy (on the whole database) of the error between the estimated
and optimal fixed codebook gains, both in logarithmic domain. The optimal, fixed codebook gain in the first sub-frame
is denoted g(1)crop,. As mentioned in the foregoing description, E/(n) is the energy of the filtered innovation vector from
the fixed codebook and f(n) is the classification parameter of frame n. The upper index (1) is used to denote the first sub-
frame and n is the frame index.

[0048] The minimization problem may be simplified by defining a normalized gain of the innovation vector in logarithmic
domain. That is

G (n) = log o (YEP (n) +logyo (g8, (), n=0,.,N 1. (9)

[0049] The total error energy then becomes

N 2
ED = [ap+autm -G | (10)

n=0

[0050] The solution of the above defined MSE (Mean Square Error) problem is found by the following pair of partial
derivatives

0 .q 0
% & =0, 6—1E§s3=0-

[0051] The optimal values of estimation coefficients resulting from the above equations are given by
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N N N N
DAY, G m =Y tm Y 1mGP

an = n=0 n=0 n=0 n=0
0= 2 ;
N N
NY P(my+| Y t(n)
n=0 n=0 (1 1)
N N N
NY tmGP - 1) G (n)
, = n=0 - nz(iv n=02
N P (ny+| Y t(n)
n=0 n=0

[0052] Estimation of the fixed codebook gain in the first sub-frame is performed in logarithmic domain and the estimated
fixed codebook gain should be as close as possible to the normalized gain of the innovation vector in logarithmic domain,
G{M(n).

[0053] Forthe second and other subsequent sub-frames, the estimation scheme is slightly different. The error energy
is given by

® _ o[ Ak *) T
Eest = Z[GCO (n)_Gc,opt(n):I >

n=0

k=2,..K. (12)

k k
Gé,o)pt = logIO(gE',o)pt) :

where Substituting Equation (6) into Equation (12) the following is obtained

N

k-1 : - 2
ER) = 3| aorattn)+ T4 (ba) 100 ) by 1) -G | (13)
n=0

[0054] For the calculation of the estimation coefficients in the second and subsequent sub-frames of each frame, the
guantized values of both the fixed and adaptive codebook gains of previous sub-frames are used in the above Equation
(13). Although it is possible to use the optimal unguantized gains in their place, the usage of quantized values leads to
the maximum estimation efficiency in all sub-frames and consequently to better overall performance of the gain quantizer.
[0055] Thus, the number of estimation coefficients increases as the index of the current sub-frame is advanced. The
gain quantization itself is described in the following description. The estimation coefficients a; and b; are different for
each sub-frame, but the same symbols were used for the sake of simplicity. Normally, they would either have the
superscript () associated therewith or they would be denoted differently for each sub-frame, wherein k is the sub-frame
index.

[0056] The minimization of the error function in Equation (13) leads to the following system of linear equations
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N N
N Simy L Y g m ZGC (1)
n=0 n:O ao
N N N
S () SAm L Zr<n>g(" Dimy [ > (n)GE), (n)
n=0 n=0 n=0 n=0
M M O M M M
(k-1) (k-1) AN 23 |
Zg 0 itV L >[ef ] S D)6, )
n=0 n=0 j L n=0 J

(14)

[0057] The solution of this system, i.e. the optimal set of estimation coefficients ag, a4, bg,...,bo.3, is Not provided here
as it leads to complicated formulas. It is usually solved by mathematical software equipped with a linear equation solver,
for example MATLAB. This is advantageously done offline and not during the encoding process.

[0058] Forthe second sub-frame, Equation (14) reduces to
i N N ] N ]
N > t(n) > 6O Zg“)(n) > G )
n=0 n=0 n=0
N N 5 N M M a N 5
Yy Y EAm Y imcPm) Zr(mg () a" > 1(nGE,(n)
n=0 n=0 n=0 n=0 1] n—O
&0 & (1) ST W | |20 i (1
ZOGC (n) Zot(nx;c (n) %[Gc )] ZG (gl |, ZG )G
2
Zg(”(n) S g Y 60men) Z[gﬁ,‘)(n)} Zg(”(n>G£?3p,(n>
n=0 n=0 n=0 -

[0059] As mentioned hereinabove, calculation of the estimation coefficients is alternated with gain quantization as
depicted in Figure 4. More specifically, Figure 4 is a schematic block diagram describing a state machine 400 in which
the estimation coefficients are calculated (401) for each sub-frame. The gain codebook is then designed (402) for each
sub-frame using the calculated estimation coefficients. Gain quantization (403) for the sub-frame is then conducted on
the basis of the calculated estimation coefficients and the gain codebook design. Estimation of the fixed codebook gain
itself is slightly different in each sub-frame, the estimation coefficients are found by means of minimum mean square
error, and the gain codebook may be designed by using the KMEANS algorithm as described, for example, in MacQueen,
J. B. (1967). "Some Methods for classification and Analysis of Multivariate Observations". Proceedings of 5th Berkeley
Symposium on Mathematical Statistics and Probability. University of California Press. pp. 281-297.

Gain quantization

[0060] Figure 5 is a schematic block diagram describing a gain quantizer 500.

[0061] Before gain quantization itis assumed that both the filtered adaptive excitation 501 from the adaptive codebook
and the filtered innovation codevector 502 from the fixed codebook are already known. The gain quantization at the
coder is performed by searching the designed gain codebocok 503 in the MMSE (Minimum Mean Square Error) sense.
As described in the foregoing description, each entry in the gain codebook 503 includes two values: the quantized
adaptive codebook gain 9p and the correction factor y for the fixed contribution of the excitation. The estimation of the
fixed codebook gain is performed beforehand and the estimated fixed codebook gain g, is used to multiply the correction
factor y selected from the gain codebook 503. In each sub-frame, the gain codebook 503 is searched completely, i.e.
for indices ¢=0,..,Q-1, Q being the number of indices of the gain codebook. It is possible to limit the search range in case
the quantized adaptive codebook gain 9 is mandated to be below a certain threshold. To allow reducing the search
range, the codebook entries may be sorted in ascending order according to the value of the adaptive codebook gain 9
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[0062] Referring to Figure 5, the two-entry gain codebook 503 is searched and each index provides two values - the
adaptive codebook gain 9 and the correction factor y. A multiplier 504 multiplies the correction factor y by the estimated
fixed codebook gain g4 and the resulting value is used as the quantized gain 505 of the fixed contribution of the excitation
(quantized fixed codebook gain). Another multiplier 506 multiplies the filtered adaptive excitation 505 from the adaptive
codebook by the quantized adaptive codebook gain 9 from the gain codebook 503 to produce the adaptive contribution
507 of the excitation. A multiplier 508 multiplies the filtered innovation codevector 502 by the quantized fixed codebook
gain 505 to produce the fixed contribution 509 of the excitation. An adder 510 sums both the adaptive 507 and fixed 509
contributions of the excitation together so as to form the filtered total excitation 511. A subtractor 512 subtracts the
filtered total excitation 511 from the target signal x; to produce the error signal e;. A calculator 513 computes the energy
515 of the error signal e; and supplies it back to the gain codebook searching mechanism. All or a subset of the indices
of the gain codebook 501 are searched in this manner and the index of the gain codebocok 503 yielding the lowest error
energy 515 is selected as the winning index and sent to the decoder.

[0063] The gain quantization can be performed by minimizing the energy of the error in Equation (2). The energy is
given by

E=ce=(x-g,y-£.2) (X-g,y-g.2). (15)

[0064] Substituting g, by 9.9 the following relation is obtained

2 2 2
E=cs+g,00=28,01 7782062 — 278063 + 28 p¥ 8c0C4 (16)

where the constants or correlations ¢, ¢4, ¢5 €3, ¢4 and ¢5 are calculated as in Equation (4) above. The constants or
correlations ¢g, ¢4, €5, €3, ¢4 and ¢z, and the estimated gain g, are computed before the search of the gain codebook
503, and then the energy in Equation (16) is calculated for each codebook index (each set of entry values 9 andy).
[0065] The codevector from the gain codebook 503 leading to the lowest energy 515 of the error signal e; is chosen
as the winning codevector and its entry values correspond to the quantized values 9 and y. The quantized value of the
fixed codebook gain is then calculated as

8c = 8c0Y -

[0066] Figure 6 is a schematic block diagram of an equivalent gain quantizer 600 as in Figure 5, performing calculation
of the energy E; of the error signal e; using Equation (16). More specifically, the gain quantizer 600 comprises a gain
codebook 601, a calculator 602 of constants or correlations, and a calculator 603 of the energy 604 of the error signal.
The calculator 602 calculates the constants or correlations ¢,, ¢4, ¢, €3, ¢4 and ¢ using Equation (4) and the target
vector x, the filtered adaptive excitation vector y from the adaptive codebook, and the filtered fixed codevector z from
the fixed codebook, wherein t denotes vector transpose. The calculator 603 uses Equation (16) to calculate the energy
E; of the error signal e; from the estimated fixed codebook gain g, the correlations ¢g, ¢4, ¢, ¢3, ¢4and ¢ from calculator
602, and the quantized adaptive codebook gain 9 and the correction factor y from the gain codebook 601. The energy
604 of the error signal from the calculator 603 is supplied back to the gain codebook searching mechanism. Again, all
or a subset of the indices of the gain codebook 601 are searched in this manner and the index of the gain codebook
601 yielding the lowest error energy 604 is selected as the winning index and sent to the decoder.

[0067] Inthe gain quantizer 600 of Figure 6, the gain codebook 601 has a size that can be different depending on the
sub-frame. Better estimation of the fixed codebook gain is attained in later sub-frames in a frame due to increased
number of estimation parameters. Therefore asmaller number of bits can be usedinlater sub-frames. In one embodiment,
four (4) sub-frames are used where the numbers of bits for the gain codebook are 8, 7, 6, and 6 corresponding to sub-
frames 1, 2, 3, and 4, respectively. In another embodiment at a lower bit rate, 6 bits are used in each sub-frame.
[0068] In the decoder, the received index is used to retrieve the values of quantized adaptive codebook gain 9 and
correction factor y from the gain codebook. The estimation of the fixed codebook gain is performed in the same manner
as in the coder, as described in the foregoing description. The quantized value of the fixed codebook gain is calculated
by the equation g, = g.7. Both the adaptive codevector and the innovation codevector are decoded from the bitstream
and they become adaptive and fixed excitation contributions that are multiplied by the respective adaptive and fixed
codebook gains. Both excitation contributions are added together to form the total excitation. The synthesis signal is
found by filtering the total excitation through a LP synthesis filter as known in the art of CELP coding.
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Signal classification

[0069] Different methods can be used for determining classification of a frame, for example parameter t of Figure 1.
A non-limitative example is given in the following description where frames are classified as unvoiced, voiced, generic,
or transition frames. However, the nhumber of voice classes can be different from the one used in this example. For
example the classification can be only voiced or unvoiced in che embodiment. In another embodiment more classes
can be added such as strongly voiced and strongly unvoiced.

[0070] Signal classification can be performed in three steps, where each step discriminates a specific signal class.
First, a signal activity detector (SAD) discriminates between active and inactive speech frames. If an inactive speech
frame is detected (background noise signal) then the classification chain ends and the frame is encoded with comfort
noise generation (CNG). If an active speech frame is detected, the frame is subjected to a second classifier to discriminate
unvoiced frames. If the classifier classifies the frame as unvoiced speech signal, the classification chain ends, and the
frame is encoded using a coding method optimized for unvoiced signals. Otherwise, the frame is processed through a
"stable voiced" classification module. If the frame is classified as stable voiced frame, then the frame is encoded using
a coding method optimized for stable voiced signals. Otherwise, the frame is likely to contain a non-stationary signal
segment such as a voiced onset or rapidly evolving voiced signal. These frames typically require a general purpose
coder and high bit rate for sustaining good subjective quality. The disclosed gain quantization technique has been
developed and optimized for stable voiced and general-purpose frames. However, it can be easily extended for any
other signal class.

[0071] In the following, the classification of unvoiced and voiced signal frames will be described.

[0072] The unvoiced parts of the sound signal are characterized by missing periodic component and can be further
divided into unstable frames, where energy and spectrum change rapidly, and stable frames where these characteristics
remain relatively stable. The classification of unvoiced frames uses the following parameters:

*  voicing measure va computed as an averaged nomalized correlation;
¢ average spectral tilt measure (Et);
¢ maximum short-time energy increase at low level (Et) to efficiently detect explosive signal segments;

¢ maximum short-time energy variation (dE) used to assess frame stability;

¢ tonal stability to discriminate music from unvoiced signal as described in [Jelinek, M., Vaillancourt, T., Gibbs, J.,
"G.718: A new embedded speech and audio coding standard with high resilience to error-prone transmission chan-
nels", In IEEE Communications Magazine, vol. 47, pp. 117-123, October 2009]; and

* relative frame energy (E,.,) to detect very low-energy signals.

rel

Voicing measure

[0073] The normalized correlation, used to determine the voicing measure, is computed as part of the open-loop pitch
analysis. In the art of CELP coding, the open-loop search module usually outputs two estimates per frame. Here, it is
also used to output the normalized correlation measures. These normalized correlations are computed on a weighted
signal and a past weighted signal at the open-loop pitch delay. The weighted speech signal s,,(n) is computed using a
perceptual weighting filter. For example, a perceptual weighting filter with fixed denominator, suited for wideband signals,
is used. An example of a transfer function of the perceptual weighting filter is given by the following relation:

_ A(Z/y)
1'7’22-1

W)

where 0 <y, < yy < 1
where A(z) is a transfer function of linear prediction (LP) filter computed by means of the Levinson-Durbin algorithm and
is given by the following relation
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4
Az)=1 +Za,z"' :
i=|

[0074] LP analysis and open-loop pitch analysis are well known in the art of CELP coding and, accordingly, will not
be further described in the present description.
[0075] The voicing measure 7X is defined as an average normalized correlation given by the following relation:

(dO) + Cnorm (dl) + Cn()rm (dZ ))

norm

= 1
Croorm == (C
norm 3(

where C,,,.(dg), Chomfdy) and C,,.(d5) are, respectively, the normalized correlation of the first half of the current
frame, the normalized correlation of the second half of the current frame, and the normalized correlation of the look-
ahead (the beginning of the next frame). The arguments to the correlations are the open-loop pitch lags.

Spectral tilt

[0076] The spectral tilt contains information about a frequency distribution of energy. The spectral tilt can be estimated
in the frequency domain as a ratio between the energy concentrated in low frequencies and the energy concentrated in
high frequencies. However, it can be also estimated in different ways such as a ratio between the two first autocorrelation
coefficients of the signal.

[0077] The energy in high frequencies and low frequencies is computed following the perceptual critical bands as
described in [J. D. Johnston, "Transform Coding of Audio Signals Using Perceptual Noise Criteria," IEEE Journal on
Selected Areas in Communications, vol. 6, no. 2, pp. 314-323, February 1988]. The energy in high frequencies is
calculated as the average energy of the last two critical bands using the following relation:

B, =0.5[ Epy(byy ~ )+ By (b, ]

where E-g(/) is the critical band energy of ith band and b,,,,, is the last critical band. The energy in low frequencies is
computed as average energy of the first 10 critical bands using the following relation:

9

— 1 .
E, 10__3“ z Eq4 ()

min =byn

where by, is the first critical band.

[0078] The middle critical bands are excluded from the calculation as they do not tend to improve the discrimination
between frames with high energy concentration in low frequencies (generally voiced) and with high energy concentration
in high frequencies (generally unvoiced). In between, the energy content is not characteristic for any of the classes
discussed further and increases the decision confusion.

[0079] The spectral tilt is given by

where Nh and N,are, respectively, the average noise energies in the last two critical bands and first 10 critical bands,
computed in the same way as Eh and E,. The estimated noise energies have been added to the tilt computation to

account for the presence of background noise. The spectral tilt computation is performed twice per frame and average
spectral tilt is calculated which is then used in unvoiced frame classification. That is

12
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6 = (e e 0)+e D)

where e is the spectral tilt in the second half of the previous frame.
Maximum short-time energy increase at low level

[0080] The maximum short-time energy increase at low level dEQ is evaluated on the input sound signal s(n), where
n=0 corresponds to the first sample of the current frame. Signal energy is evaluated twice per sub-frame. Assuming for
example the scenario of four sub-frames per frame, the energy is calculated 8 times per frame. if the total frame length
is, forexample, 256 samples, each of these short segments may have 32 samples. In the calculation, short-term energies
of the last 32 samples from the previous frame and the first 32 samples from the next frame are also taken into consid-
eration. The short-time energies are calculated using the following relations:

31
EY(j)=max(s*(i+32))), j=1..8,

where j=-1 and j=8 correspond to the end of the previous frame and the beginning of the next frame, respectively. Another
set of nine short-term energies is calculated by shifting the signal indices in the previous equation by 16 samples using
the following relation:

31
EJ())=max(s’(i+32/-16)), j=0,.,8.

O s
[0081] For energies that are sufficiently low, i.e. which fulfill the condition IOIOg(ES’ (])) <37, the following ratio
is calculated
~ EV(+1 .
()= * D forjet,.g,
E,; ()

(2)
Est

for the first set of energies and the same calculation is repeated for (]) with j=0,..,7 to obtain two sets of ratios

rat) and raft2). The only maximum in these two sets is searched by

dEQ = max (rat(l) , rat(z))

which is the maximum short-time energy increase at low level.
Maximum short-time energy variation

[0082] This parameter dE is similar to the maximum short-time energy increase at low level with the difference that
the low-level condition is not applied. Thus, the parameter is computed as the maximum of the following four values:

EP(0)/ ED(-1)

st

EQ(7)/ED(8)
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max (B (7),E5'( =)
min(Ekf,l)(f)»Es(:)(j _1))

for j=1,..,7

max(E ()£ (=)
min(E (), E2(j 1)

for j=1,..,8.

Unvoiced signal classification

[0083] The classification of unvoiced signal frames is based on the parameters described above, namely: the voicing
measure FX, the average spectral tilt Et‘ the maximum short-time energy increase at low level dEO and the maximum

short-time energy variation dE. The algorithm is further supported by the tonal stability parameter, the SAD flag and the
relative frame energy calculated during the noise energy update phase. For more detailed information about these
parameters, see for example [Jelinek, M., etal., "Advances in source-controlled variable bitrate wideband speech coding",
Special Workshop in MAUI (SWIM): Lectures by masters in speech processing, Maui, Hawaii, January 12-14, 2004].
[0084] The relative frame energy is given by

where E; is the total frame energy (in dB) and Ef is the long-term average frame energy, updated during each active
frame by E;= 0.99E-0.01E,.

[0085] The rules for unvoiced classification of wideband signals are summarized below

[((r, < 0.695) AND (e; < 4.0)) OR (E, < -14)] AND

[last frame INACTIVE OR UNVOICED OR ((e,4 < 2.4) AND (r,(0) < 0.66))]

[dEQ < 250] AND

[e[1) < 2.71AND

NOT [(fonal_stability AND ((7X > 0.52) AND (Et >0.5)) OR (Et >0.85)) AND (E,, > - 14) AND SAD flag set to 1]

[0086] The first line of this condition is related to low-energy signals and signals with low correlation concentrating
their energy in high frequencies. The second line covers voiced offsets, the third line covers explosive signal segments
and the fourth line is related to voiced onsets. The last line discriminates music signals that would be otherwise declared
as unvoiced.

[0087] If the combined conditions are fulfilled the classification ends by declaring the current frame as unvoiced.

Voiced signal classification

[0088] If a frame is not classified as inactive frame or as unvoiced frame then it is tested if it is a stable voiced frame.
The decision rule is based on the normalized correlation TX in each sub-frame (with 1/4 subsample resolution), the

average spectral tilt Et and open-loop pitch estimates in all sub-frames (with 1/4 subsample resolution).

[0089] The open-loop pitch estimation procedure calculates three open-loop pitch lags: dg, d4 and d,, corresponding
to the first half-frame, the second half-frame and the look-ahead (first half-frame of the following frame). in order to obtain
a precise pitch information in all four sub-frames, 1/4 sample resolution fractional pitch refinement is calculated. This
refinement is calculated on a perceptually weighted input signal s,,(n) (for example the input sound signal s(n) filtered
through the above described perceptual weighting filter). Atthe beginning of each sub-frame a short correlation analysis
{40 samples) with resolution of 1 sample is performed in the interval (-7,+7) using the following delays: d; for the first
and second sub-frames and d, for the third and fourth sub-frames. The correlations are then interpolated around their
maxima at the fractional positions d,,,,, - 3/4, Gyay - 172, diax - 174, 4, Orax T 114, day + 172, day + 3/4. The value
yielding the maximum correlation is chosen as the refined pitch lag.

[0090] Let the refined open-loop pitch lags in all four sub-frames be denoted as T7(0), T(1), T(2) and T(3) and their
corresponding normalized correlations as C(0), C(1), C(2) and C(3). Then, the voiced signal classification condition is
given by

[C(0) > 0.605] AND

[C(1) > 0.605] AND

max * “max
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[C(2) > 0.605] AND

[C(3) > 0.605] AND

le;> 4] AND

[IT(1)- T(0)]] < 3 AND

[IT(2)- T(1)[] < 3 AND

(73 - T2)1<3

[0091] The above voiced signal classification condition indicates that the normalized correlation must be sufficiently
high in all sub-frames, the pitch estimates must not diverge throughout the frame and the energy must be concentrated
in low frequencies. If this condition is fulfilled the classification ends by declaring the current frame as voiced. Otherwise
the current frame is declared as generic.

[0092] Although the presentinvention has been described in the foregoing description with reference to non-restrictive
illustrative embodiments thereof, these embodiments can be modified at will within the scope of the appended claims.

Claims

1. A device for quantizing a gain of a fixed contribution of an excitation in a frame, including sub-frames, of a coded
sound signal, comprising:

an input for a parameter representative of a classification of the frame;

an estimator of the gain of the fixed contribution of the excitation in a sub-frame of said frame, using the parameter
representative of the classification of the frame; and

a predictive quantizer of the gain of the fixed contribution of the excitation, in the sub-frame, using the estimated
gain;

wherein the predictive quantizer determines a correction factor for the estimated gain as a quantization of the
gain of the fixed contribution of the excitation;

wherein the estimated gain multiplied by the correction factor gives the quantized gain of the fixed contribution
of the excitation; and

wherein the estimator comprises, for a first sub-frame of the frame:

(a) a first calculator of a linear estimation of the gain of the fixed contribution of the excitation in logarithmic
domain in response to the parameter representative of the classification of the frame;

(b) a subtractor of an energy of afiltered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation from the first calculator, the subtractor producing a gain in logarithmic domain;
(c)aconverter of the gain in logarithmic domain from the subtractor to linear domain to produce the estimated
gain; and

(d) a multiplier of the estimated gain by the correction factor to produce the quantized gain of the fixed
contribution of the excitation; and

wherein the estimator, for each sub-frame of said frame following the first sub-frame, is responsive to the
parameter representative of the classification of the frame and gains of adaptive and fixed contributions of the
excitation of at least one previous sub-frame of the frame to estimate the gain of the fixed contribution of the
excitation.

2. The quantizing device according to claim 1, wherein:

the estimator comprises, for each sub-frame following the first sub-frame, a second calculator of a linear esti-
mation of the gain of the fixed contribution of the excitation in logarithmic domain and a converter of the linear
estimation in logarithmic domain in linear domain to produce the estimated gain;

and wherein the gains of the adaptive and fixed contributions of the excitation of at least one previous sub-
frame of the frame are quantized gains; and

the quantized gains of the adaptive contributions of the excitation are supplied to the second calculator directly
while the quantized gains of the fixed contributions of the excitation are supplied to the second calculator in
logarithmic domain through a logarithm calculator.

3. The quantizing device according to claim 1 or 2, wherein the estimator uses, for estimating the gain of the fixed
contribution of the excitation, estimation coefficients different for each sub-frame of the frame.
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A device for jointly quantizing gains of adaptive and fixed contributions of an excitation in a frame of a coded sound
signal, comprising:

a quantizer of the gain of the adaptive contribution of the excitation; and
the device for quantizing the gain of the fixed contribution of the excitation as defined in any one of claims 1to 3.

The device for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to claim
4, comprising a gain codebook having entries each comprising the quantized gain of the adaptive contribution of
the excitation and a correction factor for the estimated gain.

The device for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to claim
5, wherein the quantizer of the gain of the adaptive contribution of the excitation and the predictive quantizer of the
gain of the fixed contribution of the excitation search the gain codebook and select the gain of the adaptive contribution
of the excitation from one entry of the gain codebook and the correction factor of the same entry of the gain codebook
as a quantization of the gain of the fixed contribution of the excitation.

The device for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to claim
5, comprising a designer of the gain codebook for each sub-frame of the frame.

The device for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to claim
7, wherein the gain codebook has different sizes in different sub-frames of the frame.

A device for retrieving a quantized gain of a fixed contribution of an excitation in a sub-frame of a frame, comprising:

a receiver of a gain codebook index;

an estimator of the gain of the fixed contribution of the excitation in the sub-frame, using a parameter repre-
sentative of a classification of the frame;

a gain codebook for supplying a correction factor in response to the gain codebook index; and

a multiplier of the estimated gain by the correction factor to provide a quantized gain of the fixed contribution
of the excitation in said sub-frame;

wherein the estimator comprises, for a first sub-frame of the frame:

(a) a calculator of a linear estimation of the gain of the fixed contribution of the excitation in logarithmic
domain in response to the parameter representative of the classification of the frame;

(b) a subtractor of an energy of afiltered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation from the calculator, the subtractor producing a gain in logarithmic domain; and
(c)aconverter of the gain in logarithmic domain from the subtractor to linear domain to produce the estimated
gain; and

wherein the estimator, for each sub-frame of said frame following the first sub-frame, is responsive to the
parameter representative of the classification of the frame and gains of adaptive and fixed contributions of the
excitation of at least one previous sub-frame of the frame to estimate the gain of the fixed contribution of the
excitation.

10. A device for retrieving quantized gains of adaptive and fixed contributions of an excitation in a sub-frame of a frame,

comprising:

a receiver of a gain codebook index;

an estimator of the gain of the fixed contribution of the excitation in the sub-frame, using a parameter repre-
sentative of a classification of the frame;

a gain codebook for supplying the quantized gain of the adaptive contribution of the excitation and a correction
factor for the sub-frame in response to the gain codebook index; and

a multiplier of the estimated gain by the correction factor to provide a quantized gain of the fixed contribution
of the excitation in the sub-frame;

wherein the estimator comprises, for a first sub-frame of the frame:

(a) a calculator of a linear estimation of the gain of the fixed contribution of the excitation in logarithmic
domain in response to the parameter representative of the classification of the frame;
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(b) a subtractor of an energy of afiltered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation from the calculator, the subtractor producing a gain in logarithmic domain; and
(c)aconverter of the gain in logarithmic domain from the subtractor tolinear domain to produce the estimated
gain; and

wherein the estimator, for each sub-frame of said frame following the first sub-frame, is responsive to the
parameter representative of the classification of the frame and gains of adaptive and fixed contributions of the
excitation of at least one previous sub-frame of the frame to estimate the gain of the fixed contribution of the
excitation.

11. The device for retrieving the quantized gains of the adaptive and fixed contributions of the excitation according to

claim 10, wherein the gain codebook comprises entries each comprising the quantized gain of the adaptive contri-
bution of the excitation and the correction factor for the estimated gain.

12. A method for quantizing a gain of a fixed contribution of an excitation in a frame, including sub-frames, of a coded

sound signal, comprising:

receiving a parameter representative of a classification of the frame;

estimating the gain of the fixed contribution of the excitation in a sub-frame of said frame, using the parameter
representative of the classification of the frame; and

predictive quantizing the gain of the fixed contribution of the excitation, in the sub-frame, using the estimated gain;
wherein predictive quantizing the gain of the fixed contribution of the excitation comprises determining a cor-
rection factor for the estimated gain as a quantization of the gain of the fixed contribution of the excitation;
wherein the estimated gain multiplied by the correction factor gives the quantized gain of the fixed contribution
of the excitation; and

wherein estimating the gain of the fixed contribution of the excitation comprises, for a first sub-frame of the frame:

(a) calculating a linear estimation of the gain of the fixed contribution of the excitation in logarithmic domain
in response to the parameter representative of the classification of the frame;

(b) subtracting an energy of a filtered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation to produce a gain in logarithmic domain;

(c) converting the gain in logarithmic domain from the subtraction to linear domain to produce the estimated
gain; and

(d) multiplying the estimated gain by the correction factor to produce the quantized gain of the fixed con-
tribution of the excitation; and

wherein estimating the gain of the fixed contribution of the excitation, for each sub-frame of said frame following
the first sub-frame, is responsive to the parameter representative of the classification of the frame and gains of
adaptive and fixed contributions of the excitation of at least one previous sub-frame of the frame to estimate
the gain of the fixed contribution of the excitation.

13. The quantizing method according to claim 12, wherein estimating the gain of the fixed contribution of the excitation

14.

comprises, for each sub-frame following the first sub-frame, calculating a linear estimation of the gain of the fixed
contribution of the excitation in logarithmic domain and converting the linear estimation in logarithmic domain in
linear domain to produce the estimated gain, and wherein the gains of the adaptive contributions of the excitation
of at least one previous sub-frame of the frame are guantized gains and the gains of the fixed contributions of the
excitation of at least one previous sub-frame of the frame are quantized gains in logarithmic domain.

The quantizing method according to claim 12 or 13, wherein estimating the gain of the fixed contribution of the
excitation comprises using, for estimating the gain of the fixed contribution of the excitation, estimation coefficients
different for each sub-frame of the frame.

15. Amethod for jointly quantizing gains of adaptive and fixed contributions of an excitation in a frame of a coded sound

signal, comprising:

quantizing the gain of the adaptive contribution of the excitation; and
quantizing the gain of the fixed contribution of the excitation using the method as defined in any one of claims
12 to 14.
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The method for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to
claim 15, using a gain codebook having entries each comprising the quantized gain of the adaptive contribution of
the excitation and a correction factor for the estimated gain.

The method for jointly quantizing the gains of the adaptive and fixed contributions of the excitation according to
claim 16, wherein quantizing the gain of the adaptive contribution of the excitation and quantizing the gain of the
fixed contribution of the excitation comprises searching the gain codebook and selecting the gain of the adaptive
contribution of the excitation from one entry of the gain codebook and the correction factor of the same entry of the
gain codebook as a quantization of the gain of the fixed contribution of the excitation.

A method for retrieving a quantized gain of a fixed contribution of an excitation in a sub-frame of a frame, comprising:

receiving a gain codebook index;

estimating the gain of the fixed contribution of the excitation in the sub-frame, using a parameter representative
of a classification of the frame;

supplying, from a gain codebook and for the sub-frame, a correction factor in response to the gain codebook
index; and

multiplying the estimated gain by the correction factor to provide a quantized gain of the fixed contribution of
the excitation in said sub-frame; and

wherein estimating the gain of the fixed contribution of the excitation comprises, for a first sub-frame of the frame:

(a) calculating a linear estimation of the gain of the fixed contribution of the excitation in logarithmic domain
in response to the parameter representative of the classification of the frame;

(b) subtracting an energy of a filtered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation to produce a gain in logarithmic domain; and

(c) converting the gain in logarithmic domain from the subtraction to linear domain to produce the estimated
gain; and

wherein estimating the gain of the fixed contribution of the excitation comprises using, in each sub-frame of
said frame following the first sub-frame, the parameter representative of the classification of the frame and gains
of adaptive and fixed contributions of the excitation of at least one previous sub-frame of the frame to estimate
the gain of the fixed contribution of the excitation.

The method for retrieving the quantized gain of the fixed contribution of the claim excitation according to 18, wherein
estimating the gain of the fixed contribution of the excitation comprises using estimation coefficients different for
each sub-frame of the frame.

A method for retrieving quantized gains of adaptive and fixed contributions of an excitation in a sub-frame of a frame,
comprising:

receiving a gain codebook index;

estimating the gain of the fixed contribution of the excitation in the sub-frame, using a parameter representative
of a classification of the frame;

supplying, from a gain codebook and for the sub-frame, the quantized gain of the adaptive contribution of the
excitation and a correction factor in response to the gain codebook index; and

multiplying the estimated gain by the correction factor to provide a quantized gain of the fixed contribution of
the excitation in said sub-frame; and

wherein estimating the gain of the fixed contribution of the excitation comprises, for a first sub-frame of the frame:

(a) calculating a linear estimation of the gain of the fixed contribution of the excitation in logarithmic domain
in response to the parameter representative of the classification of the frame;

(b) subtracting an energy of a filtered innovation codevector from a fixed codebook in logarithmic domain
from the linear gain estimation to produce a gain in logarithmic domain; and

(c) converting the gain in logarithmic domain from the subtraction to linear domain to produce the estimated
gain; and

wherein estimating the gain of the fixed contribution of the excitation comprises using, in each sub-frame of
said frame following the first sub-frame, the parameter representative of the classification of the frame and gains
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of adaptive and fixed contributions of the excitation of at least one previous sub-frame of the frame to estimate
the gain of the fixed contribution of the excitation .

21. The method for retrieving the quantized gains of the adaptive and fixed contributions of the excitation according to
claim 20, wherein the gain codebook comprises entries each comprising the quantized gain of the adaptive contri-
bution of the excitation and the correction factor for the estimated gain.

Patentanspriiche

1. Vorrichtung zum Quantisieren einer Verstérkung eines festen Beitrags einer Anregung in einem Unterrahmen ein-
schlieBenden Rahmen eines codierten Tonsignals, umfassend:

einen Eingang fur einen Parameter, der fir eine Klassifizierung des Rahmens reprasentativ ist;

einen Schatzer der Verstarkung des festen Beitrags der Anregung in einem Unterrahmen des Rahmens unter
Verwendung des Parameters, der fUr die Klassifizierung des Rahmens reprasentativ ist; und

einen pradiktiven Quantisierer der Verstarkung des festen Beitrags der Anregung im Unterrahmen unter Ver-
wendung der geschéatzten Verstarkung;

wobei der pradiktive Quantisierer einen Korrekturfaktor flr die geschétzte Verstarkung als eine Quantisierung
der Verstarkung des festen Beitrags der Anregung bestimmt;

wobei die geschatzte Verstarkung mit dem Korrekturfaktor multipliziert die quantisierte Verstérkung des festen
Beitrags der Anregung ergibt; und

wobei der Schétzer fur einen ersten Unterrahmen des Rahmens umfasst:

(a) einen ersten Berechner einer linearen Schatzung der Verstérkung des festen Beitrags der Anregung
im logarithmischen Bereich in Reaktion auf den Parameter, der fur die Klassifizierung des Rahmens repré-
sentativ ist;

(b) einen Subtrahierer einer Energie eines gefilterten Innovations-Codevektors aus einem festen Codebuch
im logarithmischen Bereich von der linearen Verstarkungsschatzung aus dem ersten Berechner, wobei der
Subtrahierer eine Verstarkung im logarithmischen Bereich erzeugt;

(c)einen Wandler der Verstarkungimlogarithmischen Bereich aus dem Subtrahiererin den linearen Bereich,
um die geschatzte Verstarkung zu erzeugen; und

(d) einen Multiplizierer der geschatzten Verstarkung mit dem Korrekturfaktor, um die quantisierte Verstar-
kung des festen Beitrags der Anregung zu erzeugen; und

wobei der Schatzer fur jeden Unterrahmen des Rahmens, der dem ersten Unterrahmen folgt, auf den Parameter,
der fur die Klassifizierung des Rahmens reprasentativ ist, und Verstarkungen von adaptiven und festen Beitrédgen
der Anregung mindestens eines vorhergehenden Unterrahmens des Rahmens reagiert, um die Verstarkung
des festen Beitrags der Anregung zu schatzen.

2. Quantisierungsvorrichtung nach Anspruch 1, wobei:

der Schatzer fur jeden Unterrahmen, der dem ersten Unterrahmen folgt, einen zweiten Berechner einer linearen
Schéatzung der Verstarkung des festen Beitrags der Anregung im logarithmischen Bereich und einen Wandler
der linearen Schéatzung im logarithmischen Bereich in den linearen Bereich umfasst, um die geschatzte Ver-
starkung zu erzeugen;

und waobei die Verstarkungen der adaptiven und festen Beitrage der Anregung mindestens eines vorhergehen-
den Unterrahmens des Rahmens quantisierte Verstarkungen sind; und

die quantisierten Verstérkungen der adaptiven Beitrage der Anregung dem zweiten Berechner direkt geliefert
werden, wahrend die quantisierten Verstérkungen der festen Beitrdge der Anregung dem zweiten Berechner
im logarithmischen Bereich Uber einen Logarithmusrechner geliefert werden.

3. Quantisierungsvorrichtung nach Anspruch 1 oder 2, wobei der Schatzer zum Schatzen der Verstérkung des festen
Beitrags der Anregung Schatzkoeffizienten verwendet, die fiirjeden Unterrahmen des Rahmens unterschiedlich sind.

4. Vorrichtung zum gemeinsamen Quantisieren von Verstarkungen von adaptiven und festen Beitrdgen einer Anregung
in einem Rahmen eines codierten Tonsignals, umfassend:
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einen Quantisierer der Verstérkung des adaptiven Beitrags der Anregung; und
die Vorrichtung zum Quantisieren der Verstarkung des festen Beitrags der Anregung, wie in einem der Anspriiche
1 bis 3 definiert.

Vorrichtung zum gemeinsamen Quantisieren der Verstérkungen der adaptiven und festen Beitrédge der Anregung
nach Anspruch 4, die ein Verstarkungs-Codebuch umfasst, das Eintrage aufweist, die jeder die quantisierte Ver-
starkung des adaptiven Beitrags der Anregung und einen Korrekturfaktor fiir die geschétzte Verstérkung umfassen.

Vorrichtung zum gemeinsamen Quantisieren der Verstérkungen der adaptiven und festen Beitrdge der Anregung
nach Anspruch 5, wobei der Quantisierer der Verstérkung des adaptiven Beitrags der Anregung und der pradiktive
Quantisierer der Verstarkung des festen Beitrags der Anregung das Verstarkungs-Codebuch durchsuchen und die
Verstarkung des adaptiven Beitrags der Anregung aus einem Eintrag des Verstarkungs-Codebuchs, und den Kor-
rekturfaktor des gleichen Eintrags des Verstarkungs-Codebuchs als eine Quantisierung der Verstarkung des festen
Beitrags der Anregung auswahlen.

Vorrichtung zum gemeinsamen Quantisieren der Verstérkungen der adaptiven und festen Beitrdge der Anregung
nach Anspruch 5, die fir jeden Unterrahmen des Rahmens einen Designer des Verstarkungs-Codebuchs umfasst.

Vorrichtung zum gemeinsamen Quantisieren der Verstérkungen der adaptiven und festen Beitrédge der Anregung
nach Anspruch 7, wobei das Verstarkungs-Codebuch in unterschiedlichen Unterrahmen des Rahmens unterschied-
liche GroRen aufweist.

Vorrichtung zum Abrufen einer quantisierten Verstarkung eines festen Beitrags einer Anregung in einem Unterrah-
men eines Rahmens, umfassend:

einen Empfanger eines Verstarkungs-Codebuchindex;

einen Schéatzer der Verstarkung des festen Beitrags der Anregung im Unterrahmen unter Verwendung eines
Parameters, der flr eine Klassifizierung des Rahmens reprasentativ ist;

ein Verstarkungs-Codebuch zum Liefern eines Korrekturfaktors in Reaktion auf den Verstarkungs-Codebuch-
index; und

einen Multiplizierer der geschatzten Verstarkung mit dem Korrekturfaktor, um eine quantisierte Verstarkung
des festen Beitrags der Anregung im Unterrahmen bereitzustellen;

wobei der Schétzer fur einen ersten Unterrahmen des Rahmens umfasst:

(a) einen Berechner einer linearen Schatzung der Verstarkung des festen Beitrags der Anregung im loga-
rithmischen Bereich in Reaktion auf den Parameter, der fur die Klassifizierung des Rahmens reprasentativ
ist;
(b) einen Subtrahierer einer Energie eines gefilterten Innovations-Codevektors aus einem festen Codebuch
im logarithmischen Bereich von der linearen Verstarkungsschatzung aus dem Berechner, wobei der Sub-
trahierer eine Verstarkung im logarithmischen Bereich erzeugt; und

(c)einen Wandler der Verstarkungimlogarithmischen Bereich aus dem Subtrahiererin den linearen Bereich,

um die geschéatzte Verstarkung zu erzeugen; und

wobei der Schatzer fir jeden Unterrahmen des Rahmens, der dem ersten Unterrahmen folgt, auf den Parameter,
der fur die Klassifizierung des Rahmens reprasentativ ist, und Verstarkungen von adaptiven und festen Beitrégen
der Anregung mindestens eines vorhergehenden Unterrahmens des Rahmens reagiert, um die Verstarkung
des festen Beitrags der Anregung zu schatzen.

10. Vorrichtung zum Abrufen von quantisierten Verstarkungen von adaptiven und festen Beitrdgen einer Anregung in

einem Unterrahmen eines Rahmens, umfassend:

einen Empfanger eines Verstarkungs-Codebuchindex;

einen Schéatzer der Verstarkung des festen Beitrags der Anregung im Unterrahmen unter Verwendung eines
Parameters, der flr eine Klassifizierung des Rahmens reprasentativ ist;

ein Verstarkungs-Codebuch zum Liefern der quantisierten Verstarkung des adaptiven Beitrags der Anregung
und eines Korrekturfaktors fir den Unterrahmen in Reaktion auf den Verstarkungs-Codebuchindex; und
einen Multiplizierer der geschatzten Verstarkung mit dem Korrekturfaktor, um eine quantisierte Verstarkung
des festen Beitrags der Anregung im Unterrahmen bereitzustellen;

20



10

15

20

25

30

35

40

45

50

55

EP 2 676 271 B1
wobei der Schatzer fir einen ersten Unterrahmen des Rahmens umfasst:

(a) einen Berechner einer linearen Schatzung der Verstarkung des festen Beitrags der Anregung im loga-
rithmischen Bereich in Reaktion auf den Parameter, der fur die Klassifizierung des Rahmens reprasentativ
ist;
(b) einen Subtrahierer einer Energie eines gefilterten Innovations-Codevektors aus einem festen Codebuch
im logarithmischen Bereich von der linearen Verstarkungsschétzung aus dem Berechner, wobei der Sub-
trahierer eine Verstarkung im logarithmischen Bereich erzeugt; und

(c)einen Wandler der Verstéarkungimlogarithmischen Bereich aus dem Subtrahiererin den linearen Bereich,

um die geschéatzte Verstarkung zu erzeugen; und

wobei der Schatzer fir jeden Unterrahmen des Rahmens, der dem ersten Unterrahmen folgt, auf den Parameter,
der furr die Klassifizierung des Rahmens reprasentativ ist, und Verstarkungen von adaptiven und festen Beitrédgen
der Anregung mindestens eines vorhergehenden Unterrahmens des Rahmens reagiert, um die Verstarkung
des festen Beitrags der Anregung zu schatzen.

11. Vorrichtung zum Abrufen der quantisierten Verstarkungen der adaptiven und festen Beitrage der Anregung nach
Anspruch 10, wobei das Verstarkungs-Codebuch Eintradge umfasst, die jeder die quantisierte Verstarkung des
adaptiven Beitrags der Anregung und den Korrekturfaktor fir die geschéatzte Verstarkung umfassen.

12. Verfahren zum Quantisieren einer Verstérkung eines festen Beitrags einer Anregung in einem Unterrahmen ein-
schlieBenden Rahmen eines codierten Tonsignals, umfassend:

Empfangen eines Parameters, der fur eine Klassifizierung des Rahmens reprasentativ ist;

Schétzen der Verstarkung des festen Beitrags der Anregung in einem Unterrahmen des Rahmens unter Ver-
wendung des Parameters, der fir die Klassifizierung des Rahmens reprasentativ ist; und

pradiktives Quantisieren der Verstarkung des festen Beitrags der Anregung im Unterrahmen unter Verwendung
der geschéatzten Verstarkung;

wobei das pradiktive Quantisieren der Verstarkung des festen Beitrags der Anregung das Bestimmen eines
Korrekturfaktors fur die geschatzte Verstérkung als eine Quantisierung der Verstarkung des festen Beitrags
der Anregung umfasst;

wobei die geschatzte Verstarkung mit dem Korrekturfaktor multipliziert die quantisierte Verstérkung des festen
Beitrags der Anregung ergibt; und

wobei das Schatzen der Verstarkung des festen Beitrags der Anregung fiir einen ersten Unterrahmen des
Rahmens umfasst:

(a) Berechnen einer linearen Schatzung der Verstarkung des festen Beitrags der Anregung im logarithmi-
schen Bereich in Reaktion auf den Parameter, der fir die Klassifizierung des Rahmens représentativ ist;
(b) Subtrahieren einer Energie eines gefilterten innovations-Codevektors aus einem festen Codebuch im
logarithmischen Bereich von der linearen Verstarkungsschatzung, um eine Verstarkung im logarithmischen
Bereich zu erzeugen;

(c) Umwandeln der Verstarkung im logarithmischen Bereich aus dem Subtrahierer in den linearen Bereich,
um die geschatzte Verstarkung zu erzeugen; und

(d) Multiplizieren der geschatzten Verstarkung mit dem Korrekturfaktor, um die quantisierte Verstarkung
des festen Beitrags der Anregung zu erzeugen; und

wobei das Schéatzen der Verstarkung des festen Beitrags der Anregung fiir jeden Unterrahmen des Rahmens,
der dem ersten Unterrahmen folgt, auf den Parameter, der fur die Klassifizierung des Rahmens reprasentativ
ist, und Verstarkungen von adaptiven und festen Beitrdgen der Anregung mindestens eines vorhergehenden
Unterrahmens des Rahmens reagiert, um die Verstarkung des festen Beitrags der Anregung zu schatzen.

13. Quantisierungsverfahren nach Anspruch 12, wobeidas Schatzen der Verstarkung des festen Beitrags der Anregung
furjeden Unterrahmen, der dem ersten Unterrahmen folgt, das Berechnen einer linearen Schatzung der Verstarkung
des festen Beitrags der Anregung im logarithmischen Bereich, und Umwandeln der linearen Schatzung im logarith-
mischen Bereich in den linearen Bereich umfasst, um die geschatzte Verstarkung zu erzeugen, und wobei die
Verstarkungen der adaptiven Beitrage der Anregung mindestens eines vorhergehenden Unterrahmens des Rah-
mens guantisierte Verstarkungen sind, und die Verstarkungen der festen Beitradge der Anregung mindestens eines
vorhergehenden Unterrahmens des Rahmens quantisierte Verstarkungen im logarithmischen Bereich sind.
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Quantisierungsverfahren nach Anspruch 12 oder 13, wobei das Schatzen der Verstarkung des festen Beitrags der
Anregung das Verwenden von Schatzkoeffizienten zum Schéatzen der Verstarkung des festen Beitrags der Anregung
umfasst, die fir jeden Unterrahmen des Rahmens unterschiedlich sind.

Verfahren zum gemeinsamen Quantisieren von Verstarkungen von adaptiven und festen Beitrdgen einer Anregung
in einem Rahmen eines codierten Tonsignals, umfassend:

Quantisieren der Verstarkung des adaptiven Beitrags der Anregung; und
Quantisieren der Verstarkung des festen Beitrags der Anregung unter Verwendung des Verfahrens, wie in
einem der Anspriiche 12 bis 14 definiert.

Verfahren zum gemeinsamen Quantisieren der Verstarkungen der adaptiven und festen Beitrdge der Anregung
nach Anspruch 15 unter Verwendung eines Verstarkungs-Codebuchs, das Eintrége aufweist, die jeder die quanti-
sierte Verstarkung des adaptiven Beitrags der Anregung und einen Korrekturfaktor fir die geschatzte Verstarkung
umfassen.

Verfahren zum gemeinsamen Quantisieren der Verstarkungen der adaptiven und festen Beitrdge der Anregung
nach Anspruch 16, wobei das Quantisieren der Verstarkung des adaptiven Beitrags der Anregung und das Quan-
tisieren der Verstarkung des festen Beitrags der Anregung das Durchsuchen des Verstarkungs-Codebuchs und
das Auswahlen der Verstarkung des adaptiven Beitrags der Anregung aus einem Eintrag des Verstarkungs-Code-
buchs, und des Korrekturfaktors des gleichen Eintrags des Verstarkungs-Codebuchs als eine Quantisierung der
Verstarkung des festen Beitrags der Anregung umfasst.

Verfahren zum Abrufen einer quantisierten Verstarkung eines festen Beitrags einer Anregung in einem Unterrahmen
eines Rahmens, umfassend:

Empfangen eines Verstarkungs-Codebuchindex;

Schétzen der Verstéarkung des festen Beitrags der Anregung im Unterrahmen unter Verwendung eines Para-
meters, der fur eine Klassifizierung des Rahmens reprasentativ ist;

Liefern eines Korrekturfaktors aus einem Verstarkungs-Codebuch und fiir den Unterrahmen in Reaktion auf
den Verstarkungs-Codebuchindex; und

Multiplizieren der geschatzten Verstarkung mit dem Korrekturfaktor, um eine quantisierte Verstarkung des festen
Beitrags der Anregung im Unterrahmen bereitzustellen; und

wobei das Schatzen der Verstarkung des festen Beitrags der Anregung fiir einen ersten Unterrahmen des
Rahmens umfasst:

(a) Berechnen einer linearen Schatzung der Verstarkung des festen Beitrags der Anregung im logarithmi-
schen Bereich in Reaktion auf den Parameter, der fir die Klassifizierung des Rahmens représentativ ist;
(b) Subtrahieren einer Energie eines gefilterten innovations-Codevektors aus einem festen Codebuch im
logarithmischen Bereich von der linearen Verstarkungsschatzung, um eine Verstarkung im logarithmischen
Bereich zu erzeugen; und

(c) Umwandeln der Verstarkung im logarithmischen Bereich aus dem Subtrahierer in den linearen Bereich,
um die geschatzte Verstarkung zu erzeugen; und

wobei das Schatzen der Verstarkung des festen Beitrags der Anregung das Verwenden des Parameters, der
furdie Klassifizierung des Rahmens reprasentativist, und von Verstarkungen von adaptiven und festen Beitrédgen
der Anregung mindestens eines vorhergehenden Unterrahmens des Rahmens in jedem Unterrahmen des
Rahmens, der dem ersten Unterrahmen folgt, umfasst, um die Verstarkung des festen Beitrags der Anregung
zu schatzen.

Verfahren zum Abrufen der quantisierten Verstarkung des festen Beitrags der Anregung nach Anspruch 18, wobei
das Schatzen der Verstarkung des festen Beitrags der Anregung das Verwenden von Schatzkoeffizienten umfasst,

die fur jeden Unterrahmen des Rahmens unterschiedlich sind.

Verfahren zum Abrufen von quantisierten Verstarkungen von adaptiven und festen Beitrdgen einer Anregung in
einem Unterrahmen eines Rahmens, umfassend:

Empfangen eines Verstarkungs-Codebuchindex;
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Schétzen der Verstarkung des festen Beitrags der Anregung im Unterrahmen unter Verwendung eines Para-
meters, der fur eine Klassifizierung des Rahmens reprasentativ ist;

Liefern der quantisierten Verstarkung des adaptiven Beitrags der Anregung und eines Korrekturfaktors aus
einem Verstarkungs-Codebuch und fur den Unterrahmen in Reaktion auf den Verstarkungs-Codebuchindex;
und

Multiplizieren der geschatzten Verstarkung mit dem Korrekturfaktor, um eine quantisierte Verstarkung des festen
Beitrags der Anregung im Unterrahmen bereitzustellen; und

wobei das Schatzen der Verstarkung des festen Beitrags der Anregung fiir einen ersten Unterrahmen des
Rahmens umfasst:

(a) Berechnen einer linearen Schéatzung der Verstarkung des festen Beitrags der Anregung im logarithmi-
schen Bereich in Reaktion auf den Parameter, der fUr die Klassifizierung des Rahmens repréasentativ ist;
(b) Subtrahieren einer Energie eines gefilterten Innovations-Codevektors aus einem festen Codebuch im
logarithmischen Bereich von der linearen Verstarkungsschatzung, um eine Verstarkung im logarithmischen
Bereich zu erzeugen; und

(c) Umwandeln der Verstarkung im logarithmischen Bereich aus dem Subtrahierer in den linearen Bereich,
um die geschéatzte Verstarkung zu erzeugen; und

wobei das Schatzen der Verstarkung des festen Beitrags der Anregung das Verwenden des Parameters, der
furdie Klassifizierung des Rahmens reprasentativ ist, und von Verstarkungen von adaptiven und festen Beitrédgen
der Anregung mindestens eines vorhergehenden Unterrahmens des Rahmens in jedem Unterrahmen des
Rahmens, der dem ersten Unterrahmen folgt, umfasst, um die Verstarkung des festen Beitrags der Anregung
zu schatzen.

21. Verfahren zum Abrufen der quantisierten Verstarkungen der adaptiven und festen Beitradge der Anregung nach
Anspruch 20, wobei das Verstarkungs-Codebuch Eintrage umfasst, die jeder die quantisierte Verstarkung des
adaptiven Beitrags der Anregung und den Korrekturfaktor fir die geschéatzte Verstarkung umfassen.

Revendications

Dispositif de quantification d’un gain d’'une contribution fixe d’une excitation dans une trame, incluant des sous-
trames, d’un signal sonore codé, comprenant :

une entrée pour un parametre représentatif d’'une classification de la trame ;

un estimateur du gain de la contribution fixe de I'excitation dans une sous-trame de ladite trame, a l'aide du
parametre représentatif de la classification de la trame ; et

un quantificateur prédictif du gain de la contribution fixe de l'excitation, dans la sous-trame, & I'aide du gain
estimé ;

dans lequel le quantificateur prédictif détermine un facteur de correction pour le gain estimé en tant que quan-
tification du gain de la contribution fixe de I'excitation ;

dans lequel le gain estimé multiplié par le facteur de correction donne le gain quantifié de la contribution fixe
de I'excitation ; et

dans lequel 'estimateur comprend, pour une premiére sous-trame de la trame :

(a) un premier calculateur d’'une estimation linéaire du gain de la contribution fixe de I'excitation dans le
domaine logarithmique en réponse au parameétre représentatif de la classification de la trame ;

(b) un soustracteur d'une énergie d'un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique, a partir de I'estimation de gain linéaire issue du premier calculateur, le soustrac-
teur produisant un gain dans le domaine logarithmique ;

(c) un convertisseur du gain dans le domaine logarithmique issu du soustracteur vers le domaine linéaire
pour produire le gain estimé ; et

(d) un multiplicateur du gain estimé par le facteur de correction pour produire le gain quantifié de la contri-
bution fixe de I'excitation ; et

dans lequel 'estimateur, pour chaque sous-trame de ladite trame suivant la premiére sous-trame, répond au

parametre représentatif de la classification de la trame et & des gains de contributions adaptative et fixe de
I'excitation d’au moins une sous-trame précédente de la trame pour estimer le gain de la contribution fixe de
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I'excitation.

2. Dispositif de quantification selon la revendication 1, dans lequel :

I'estimateur comprend, pour chague sous-trame suivant la premiére sous-trame, un second calculateur d’une
estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine logarithmigue et un convertisseur
de lI'estimation linéaire dans le domaine logarithmique vers le domaine linéaire pour produire le gain estimé ;
etdanslequelles gains des contributions adaptative etfixe de I'excitation d’au moins une sous-trame précédente
de la trame sont des gains quantifiés ; et

les gains quantifiés des contributions adaptatives de I'excitation sont fournis au second calculateur directement,
tandis que les gains quantifiés des contributions fixes de I'excitation sont fournis au second calculateur dans
le domaine logarithmique au travers d’un calculateur de logarithme.

Dispositif de quantification selon la revendication 1 ou 2, dans lequel I'estimateur utilise, pour I'estimation du gain
de la contribution fixe de I'excitation, des coefficients d’estimation différents pour chague sous-trame de la trame.

Dispositif de quantification conjointe de gains de contributions adaptative et fixe d’'une excitation dans une trame
d’'un sighal sonore codé, comprenant :

un gquantificateur du gain de la contribution adaptative de I'excitation ; et
le dispositif de quantification du gain de la contribution fixe de I'excitation tel que défini selon 'une quelconque
des revendications 1 & 3.

Dispositif de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon la revendi-
cation 4, comprenant un livre de codes de gain ayant des rubrigues comprenant chacune le gain guantifié de la
contribution adaptative de I'excitation et un facteur de correction pour le gain estimé.

Dispositif de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon la revendi-
cation 5, dans lequel le quantificateur du gain de la contribution adaptative de 'excitation et le quantificateur prédictif
du gain de la contribution fixe de I'excitation consultent le livre de codes de gain et sélectionnent le gain de la
contribution adaptative de I'excitation a partir d’'une rubrique du livre de codes de gain et le facteur de correction de
la méme rubrique du livre de codes de gain en tant que quantification du gain de la contribution fixe de Pexcitation.

Dispositif de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon la revendi-
cation 5, comprenant un concepteur du livre de codes de gain pour chague sous-trame de la trame.

Dispositif de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon la revendi-
cation 7, dans lequel le livre de codes de gain posséde différentes tailles dans différentes sous-trames de la trame.

Dispositif de récupération d'un gain quantifié d’'une contribution fixe d'une excitation dans une sous-trame d’une
trame, comprenant :

un récepteur d’un indice de livre de codes de gain ;

un estimateur du gain de la contribution fixe de I'excitation dans la sous- trame, a 'aide d’un parameétre repré-
sentatif d’'une classification de la trame ;

un livre de codes de gain pour fournir un facteur de correction en réponse a l'indice de livre de codes de gain ; et
un multiplicateur du gain estimé par le facteur de correction pour fournir un gain quantifié de la contribution fixe
de I'excitation dans ladite sous-trame ;

dans lequel 'estimateur comprend, pour une premiére sous-trame de la trame :

(a) un calculateur d’'une estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine
logarithmique en réponse au paramétre représentatif de la classification de la trame ;

(b) un soustracteur d’'une énergie d’un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique, a partir de I'estimation de gain linéaire issue du calculateur, le soustracteur
produisant un gain dans le domaine logarithmique ; et

(¢) un convertisseur du gain dans le domaine logarithmique issu du soustracteur vers le domaine linéaire
pour produire le gain estimé ; et
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dans lequel I'estimateur, pour chaque sous-trame de ladite trame suivant la premiére sous-trame, répond au
parametre représentatif de la classification de la trame et & des gains de contributions adaptative et fixe de
I'excitation d’au moins une sous-trame précédente de la trame pour estimer le gain de la contribution fixe de
I'excitation.

10. Dispositif de récupération de gains quantifiés de contributions adaptative et fixe d’'une excitation dans une sous-
trame d’une trame, comprenant :

un récepteur d’un indice de livre de codes de gain ;
10 un estimateur du gain de la contribution fixe de I'excitation dans la sous- trame, a 'aide d’un parameétre repré-
sentatif d’'une classification de la trame ;
un livre de codes de gain pour fournir le gain quantifié de la contribution adaptative de I'excitation et un facteur
de correction pour la sous-trame en réponse a 'indice de livre de codes de gain ; et
un multiplicateur du gain estimé par le facteur de correction pour foumnir un gain quantifié de la contribution fixe
15 de I'excitation dans la sous-trame ;
dans lequel 'estimateur comprend, pour une premiére sous-trame de la trame :

(a) un calculateur d’'une estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine
logarithmique en réponse au paramétre représentatif de la classification de la trame ;

20 (b) un soustracteur d'une énergie d'un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique, a partir de I'estimation de gain linéaire issue du calculateur, le soustracteur
produisant un gain dans le domaine logarithmique ; et
(c) un convertisseur du gain dans le domaine logarithmique issu du soustracteur vers le domaine linéaire
pour produlire le gain estimé ; et

25
dans lequel I'estimateur, pour chaque sous-trame de ladite trame suivant la premiére sous-trame, répond au
parametre représentatif de la classification de la trame et & des gains de contributions adaptative et fixe de
I'excitation d’au moins une sous-trame précédente de la trame pour estimer le gain de la contribution fixe de
I'excitation.

30

11. Dispositif de récupération des gains quantifiés des contributions adaptative et fixe de I'excitation selon la revendi-
cation 10, dans lequel le livre de codes de gain comprend des rubrigues comprenant chacune le gain quantifié de
la contribution adaptative de l'excitation et le facteur de correction pour le gain estimé.

35 12. Procédé de quantification d’'un gain d’une contribution fixe d’'une excitation dans une trame, incluant des sous-
trames, d’un signal sonore codé, comprenant :

la réception d’'un parameétre représentatif d’'une classification de la trame ;
I'estimation du gain de la contribution fixe de I'excitation dans une sous-trame de ladite trame, a l'aide du
40 parametre représentatif de la classification de la trame ; et
la quantification prédictive du gain de la contribution fixe de I'excitation, dans la sous-trame, a l'aide du gain
estimé ;
dans lequel la quantification prédictive du gain de la contribution fixe de I'excitation comprend la détermination
d'un facteur de correction pour le gain estimé en tant que quantification du gain de la contribution fixe de
45 I'excitation ;
dans lequel le gain estimé multiplié par le facteur de correction donne le gain quantifié de la contribution fixe
de I'excitation ; et
dans lequel I'estimation du gain de la contribution fixe de 'excitation comprend, pour une premiére sous-trame
de la trame :
50
(a) le calcul d’'une estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine loga-
rithmigue en réponse au parametre représentatif de la classification de la trame ;
(b) la soustraction d’une énergie d’'un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique, a partir de I'estimation de gain linéaire pour produire un gain dans le domaine
55 logarithmique ;
(c) la conversion du gain dans le domaine logarithmique issu de la soustraction vers le domaine linéaire
pour produire le gain estimé ; et
(d)la multiplication du gain estimé par le facteur de correction pour produire le gain quantifié de la contribution
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fixe de I'excitation ; et

dans lequel I'estimation du gain de la contribution fixe de I'excitation, pour chaque sous-trame de ladite trame
suivant la premiére sous-trame, répond au paramétre représentatif de la classification de la trame et a des
gains de contributions adaptative et fixe de lexcitation d’au moins une sous-trame précédente de la trame pour
estimer le gain de la contribution fixe de I'excitation.

Procédé de quantification selon la revendication 12, dans lequel I'estimation du gain de la contribution fixe de
I'excitation comprend, pour chaque sous-trame suivant la premiére sous-trame, le calcul d'une estimation linéaire
du gain de la contribution fixe de I'excitation dans le domaine logarithmique et la conversion de I'estimation linéaire
dans le domaine logarithmique vers le domaine linéaire pour produire le gain estimé, et dans lequel les gains des
contributions adaptatives de I'excitation d’au moins une sous-trame précédente de la trame sont des gains quantifiés
et les gains des contributions fixes de I'excitation d’au moins une sous-trame précédente de la trame sont des gains
guantifiés dans le domaine logarithmique.

Procédé de quantification selon la revendication 12 ou 13, dans lequel I'estimation du gain de la contribution fixe
de l'excitation comprend l'utilisation, pour 'estimation du gain de la contribution fixe de I'excitation, des coefficients
d’estimation différents pour chagque sous- trame de la trame.

Procédé de quantification conjointe de gains de contributions adaptative et fixe d’'une excitation dans une trame
d’'un signal sonore codé, comprenant :

la quantification du gain de la contribution adaptative de I'excitation ; et
la quantification du gain de la contribution fixe de I'excitation a 'aide du procédé tel que défini selon 'une
quelconque des revendications 12 a 14.

Procédé de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon larevendication
15, a laide d’un livre de codes de gain ayant des rubriqgues comprenant chacune le gain quantifié de la contribution
adaptative de I'excitation et un facteur de correction pour le gain estimé.

Procédé de quantification conjointe des gains des contributions adaptative et fixe de I'excitation selon larevendication
16, dans lequel la quantification du gain de la contribution adaptative de I'excitation et la quantification du gain de
la contribution fixe de I'excitation comprennent la consultation du livre de codes de gain et la sélection du gain de
la contribution adaptative de I'excitation a partir d’'une rubrique du livre de codes de gain et du facteur de correction
de la méme rubrique du livre de codes de gain en tant que quantification du gain de la contribution fixe de 'excitation.

Procédé de récupération d’'un gain quantifié d’'une contribution fixe d’une excitation dans une sous-trame d’'une
trame, comprenant :

la réception d’un indice de livre de codes de gain ;

I'estimation du gain de la contribution fixe de I'excitation dans la sous-trame, a l'aide d’'un paramétre représentatif
d’'une classification de la trame ;

la fourniture, a partir d’un livre de codes de gain et pour la sous-trame, d’un facteur de correction en réponse
a l'indice de livre de codes de gain ; et

la multiplication du gain estimé par le facteur de correction pour fournir un gain quantifié de la contribution fixe
de I'excitation dans ladite sous-trame ; et

dans lequel I'estimation du gain de la contribution fixe de 'excitation comprend, pour une premiére sous-trame
de la trame :

(a) le calcul d'une estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine loga-
rithmique en réponse au parametre représentatif de la classification de la trame ;

(b) la soustraction d’une énergie d’'un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique a partir de I'estimation de gain linéaire pour produire un gain dans le domaine
logarithmique ; et

(c) la conversion du gain dans le domaine logarithmique issu de la soustraction vers le domaine linéaire
pour produlire le gain estimé ; et

dans lequel I'estimation du gain de la contribution fixe de I'excitation comprend l'utilisation, dans chague sous-
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trame de ladite trame suivant la premiére sous-trame, du paramétre représentatif de la classification de la trame
et de gains de contributions adaptative et fixe de I'excitation d’au moins une sous-trame précédente de la trame
pour estimer le gain de la contribution fixe de I'excitation.

19. Procédé de récupération du gain quantifié de la contribution fixe de I'excitation selon la revendication 18, dans
lequel 'estimation du gain de la contribution fixe de I'excitation comprend l'utilisation de coefficients d'estimation

différents pour chaque sous-trame de la trame.

20. Procédé de récupération de gains quantifiés de contributions adaptative et fixe d’une excitation dans une sous-
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trame d’une trame, comprenant :

la réception d’un indice de livre de codes de gain ;

I'estimation du gain de la contribution fixe de I'excitation dans la sous-trame, a l'aide d’un paramétre représentatif
d'une classification de la trame ;

la fourniture, a partir d’'un livre de codes de gain et pour la sous-trame, du gain quantifié de la contribution
adaptative de I'excitation et d’'un facteur de correction en réponse a l'indice de livre de codes de gain ; et

la multiplication du gain estimé par le facteur de correction pour fournir un gain quantifié de la contribution fixe
de I'excitation dans ladite sous-trame ; et

dans lequel I'estimation du gain de la contribution fixe de 'excitation comprend, pour une premiére sous-trame
de la trame :

(a) le calcul d'une estimation linéaire du gain de la contribution fixe de I'excitation dans le domaine loga-
rithmigue en réponse au parametre représentatif de la classification de la trame ;

(b) la soustraction d’une énergie d’'un vecteur de code d’innovation filtré issu d’un livre de codes fixe dans
le domaine logarithmique a partir de I'estimation de gain linéaire pour produire un gain dans le domaine
logarithmique ; et

(c) la conversion du gain dans le domaine logarithmique issu de la soustraction vers le domaine linéaire
pour produlire le gain estimé ; et

dans lequel I'estimation du gain de la contribution fixe de I'excitation comprend l'utilisation, dans chague sous-
trame de ladite trame suivant la premiére sous-trame, du paramétre représentatif de la classification de la trame
et de gains de contributions adaptative et fixe de I'excitation d’au moins une sous-trame précédente de la trame
pour estimer le gain de la contribution fixe de I'excitation.

21. Procédéderécupération des gains quantifiés des contributions adaptative et fixe de I'excitation selon larevendication
20, dans lequel le livre de codes de gain comprend des rubriques comprenant chacune le gain quantifié de la
contribution adaptative de I'excitation et le facteur de correction pour le gain estimé.

27



EP 2 676 271 B1

target signal

Filtered adaptive
contribution of
the excitation

Filtered fixed
contribution of
the excitation

error signal
G

FIG.1

28



EP 2 676 271 B1

[AIE

00¢

¢0¢

’ \

LT —~_

1474

f N_Nuﬁ

) ©

UoNDYOXa pasdyl (D}0} |

60C —~—

|

(00gapoo uibb wouy)
- 10}0D} U013034100

O wE N

Egm pod paxiy jo uiob
G0¢
Ecom uioh paypwinso

(300qapod paxiy wouy)
UOI}DAOUUI paJdY|l}

' Gle
NAVN —

. 90¢
yoz—10).01 th
€0c ~— (*)bo] [~= A\v A
)'lo+0p 912

uonpwnsa Joaul | 10¢

»

J UONDOJISSDIO

(X )~

—

; UoNDAOUUI
(1Y peseyy jo Abious

80¢

\

L0T
(100qepod uib wouy)

CVQW uod aAndopo Jo uibb

(00qopod aAldopp wiody)
'0xa anjdopo pasayy

29



EP 2 676 271 B1

£ Dld 00t
LLg \\

L~

143"

ClE—
NGNS

A

UoD}IOXe patd)|y _BB,/

608 —~

|

c_n../\xj /

(300gapod paxi) wouy)
()°6 ¥od paxyy Jo uiob (Moogapod uibh wouy) uonDAOUUI paJa)y

Go¢ -
096 uipb pajpwiysa v& /
) : 90¢
cos—1(0).01

|
A vam mQ+A on.NQ
+151q+, 90+ ¥I0 400 [~-208
)

uonpWNSe Jpaul|
¢ JAt¢ D
@2 W9 A

¥0£ ~ (-)6oy 7 UOIDOLYISSD|D
» voe NNVQQ N_‘an
... .ANVOQ N—on

N\

sawpiyqns snoiraid jo suibb pazijuonb 80%
/ (D f
([ (300qapod aAldDpD WoJ))
L0€
10¢ (00qopod uibh wouy) *0x9 oAldopp paudy|iy

qum pod aandopo jo uiob

30



EP 2 676 271 B1

400

\ start (first subframe)

401

J—
—

Y

classification /
.

energy of innovation calculation of
- estimation

prev. quantized gains | coefficients

Y

design of the gain
402—"]  "codebook

Y
gain quantization

another

' subframe

end (last subframe)

FIG.4

3



500

\

EP 2 676 271 B1

filtered adapt. exc. K\(—SOG

)

501

quantized gain of
| the adaptive part

///

.

.

(\—507

target signal

X
/ //// -
Y N |
\\(x +
/ A
911
// ain codebook/ o1
correction
factor \-509
estimated gain _ 504
9:0
505 quantizgd gain
filtered innovotionV " of the fixed part
\ WSOB
energy of 509
error signal 7 error signal
N ()" = -
!
515 \
513

32



EP 2 676 271 B1

600

target signal x
\ get sig ?2

filtered adapt. exc. y
™ calculation of
filtered fixed exc. Z» correlations

€(:€1,€9
3%
601 adaptive CB gain_[ cojcuiation of
/ energy estimated gain
of error signal |—= g
1, (F 7 _| (equation 16) c0
2 9 7 correction \

: factor
- /./// 603

gain codebook

Q 9 7

energy of
error signal

604
FIG.6

33



EP 2 676 271 B1

REFERENCES CITED IN THE DESCRIPTION

This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European
patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be

excluded and the EPO disclaims all liability in this regard.

Patent documents cited in the description

+  US7191122 B1 [0002]

Non-patent literature cited in the description

¢ Adaptive Multi-Rate - Wideband (AMR-WB) speech
codec; Transcoding functions. 3GPP TS 26.190
[0017]

¢ Some Methods for classification and Analysis of Mul-
tivariate Observations. MACQUEEN, J. B. Proceed-
ings of 5th Berkeley Symposium on Mathematical
Statistics and Probability. University of California
Press, 1967, 281-297 [0059]

* JELINEK, M.; VAILLANCOURT, T.; GIBBS, J.
G.718: A new embedded speech and audio coding
standard with high resilience to error-prone transmis-
sion channels. In IEEE Communications Magazine,
October 2009, vol. 47, 117-123 [0072]

34

J. D. JOHNSTON. Transform Coding of Audio Sig-
nals Using Perceptual Noise Criteria. IEEE Journal
on Selected Areas in Communications, February
1988, vol. 6 (2), 314-323 [0077]

JELINEK, M. et al. Advances in source-controlled
variable bitrate wideband speech coding. Special
Workshop in MAUI (SWIM): Lectures by masters in
speech processing, 12 January 2004 [0083]



	Bibliography
	Description
	Claims
	Drawings

