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Description

FIELD

[0001] The present disclosure relates to a codebook arrangement for use in coding an input sound signal, and a coder
and a decoder using such codebook arrangement.

BACKGROUND

[0002] The Code-Excited Linear Prediction (CELP) model is widely used to encode sound signals, for example speech,
at low bit rates.
[0003] In CELP coding, the speech signal is sampled and processed in successive blocks of a predetermined number
of samples usually called frames, each corresponding typically to 10-30 ms of speech. The frames are in turn divided
into smaller blocks called sub-frames.
[0004] In CELP, the signal is modelled as an excitation processed through a time-varying synthesis filter 1/A(z). The
time-varying synthesis filter may take many forms, but very often a linear recursive all-pole filter is used. The inverse of
the time-varying synthesis filter, which is thus a linear all-zero non-recursive filter A(z), is defined as a short-term predictor
(STP) since it comprises coefficients calculated in such a manner as to minimize a prediction error between a sample
s(n) of the input sound signal and the weighted sum of the previous samples s(n-1), s(n-2), .., s(n-m), where m is the
order of the filter and n is a discrete time domain index, n = 0,...,L-1, L being the length of an analysis window. Another
denomination frequently used for the STP is Linear Predictor (LP).
[0005] If the prediction error from the LP filter is applied as the input of the time-varying synthesis filter with proper
initial state, the output of the synthesis filter is the original sound signal, for example speech. At low bit rates, it is not
possible to transmit the exact error residual (minimized prediction error from the LP filter). Accordingly, the error residual
is encoded to form an approximation referred to as the excitation. In CELP coders, the excitation is encoded as the sum
of two contributions, the first contribution taken from a so-called adaptive codebook and the second contribution from a
so-called innovative or fixed codebook. The adaptive codebook is essentially a block of samples v(n) from the past
excitation signal (delayed by a delay parameter t) and scaled with a proper gain gp. The innovative or fixed codebook
is populated with vectors having the task of encoding a prediction residual from the STP and adaptive codebook. The
innovative or fixed codebook vector c(n) is also scaled with a proper gain gc. The innovative or fixed codebook can be
designed using many structures and constraints. However, in modern speech coding systems, the Algebraic Code-
Excited Linear Prediction (ACELP) model is used. An example of an ACELP implementation is described in [3GPP TS
26.190 "Adaptive Multi- Rate - Wideband (AMR-WB) speech codec; Transcoding functions"] and, accordingly, ACELP
will only be briefly described in the present disclosure. Other examples of ACELP implementations can be found in:

- Bruno Bessette et al.: "Proposed CE for extending the LPD mode in USAC", ISO IEC JTC1/SC29/WG11, October
2010, Guangzhou, China,

- WO 2011/127569 A1,
- Schnitzler et al.: "Wideband speech coding using forward/backward adaptive prediction with mixed time/frequency

domain excitation", IEEE Workshop on Speech Coding Proceedings, June 1999, Porvoo, Finland.

[0006] Although very efficient to encode speech at low bit rates, ACELP codebooks cannot gain in quality as quickly
as other approaches (for example transform coding and vector quantization) when increasing the ACELP codebook
size. When measured in dB/bit/sample, the gain in quality at higher bit rates (for example bit rates higher than 16 kbits/s)
obtained by using more non-zero pulses per track in an ACELP codebook is not as large as the gain in quality (in
dB/bit/sample) at higher bit rates obtained with transform coding and vector quantization. This can be seen when con-
sidering that ACELP essentially encodes the sound signal as a sum of delayed and scaled impulse responses of the
time- varying synthesis filter. At lower bit rates (for example bit rates lower than 12 kbits/s), the ACELP model captures
quickly the essential components of the excitation. But at higher bit rates, higher granularity and, in particular, a better
control over how the additional bits are spent across the different frequency components of the signal are useful.

SUMMARY

[0007] The present disclosure is concerned with a coder of an input sound signal, comprising:

an adaptive codebook stage structured to search an adaptive codebook to find an adaptive codebook index and an
adaptive codebook gain;
a codebook arrangement comprising:
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a first codebook stage including one of a time-domain CELP codebook and a transform-domain codebook
including a calculator of a transform of a transform-domain codebook target signal and a quantizer of transform-
domain coefficients from the transform calculator; and
a second codebook stage including the other of the time-domain CELP codebook and the transform-domain
codebook;
wherein the first and second codebook stages are structured to search the respective time-domain CELP
codebook and transform-domain codebook to find an innovative codebook index, an innovative codebook gain,
transform-domain coefficients, and a transform-domain codebook gain;

wherein the codebook stages are used in the sequence adaptive codebook stage-first codebook stage-second
codebook stage for coding the input sound signal.

[0008] The codebook arrangement of the coder further comprises a selector of an order of the time-domain CELP
codebook and the transform-domain codebook in the first and second codebook stages, respectively, as a function of
at least one of (a) characteristics of the input sound signal and (b) a bit rate of a codec using the codebook arrangement.
[0009] The foregoing and other features of the codebook arrangement, coder and decoder will become more apparent
upon reading of the following non restrictive description of embodiments thereof, given by way of illustrative examples
only with reference to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0010] In the appended drawings:

Figure 1 is a schematic block diagram of an example of CELP coder using, in this non-limitative example, ACELP;

Figure 2 is a schematic block diagram of an example of CELP decoder using, in this non-limitative example, ACELP;

Figure 3 is a schematic block diagram of a CELP coder using a first structure of modified CELP model, and including
a first codebook arrangement;

Figure 4 is a schematic block diagram of a CELP decoder in accordance with the first structure of modified CELP
model;

Figure 5 is a schematic block diagram of a CELP coder using a second structure of modified CELP model, including
a second codebook arrangement; and

Figure 6 is a schematic block diagram of an example of general, modified CELP coder with a classifier for choosing
between different codebook structures.

DETAILED DESCRIPTION

[0011] Figure 1 shows the main components of an ACELP coder 100.
[0012] In Figure 1, y1(n) is the filtered adaptive codebook excitation signal (i.e. the zero-state response of the weighted
synthesis filter to the adaptive codebook vector v(n)), and y2(n) is similarly the filtered innovative codebook excitation
signal. The signals x1(n) and x2(n) are target signals for the adaptive and the innovative codebook searches, respectively.
The weighted synthesis filter, denoted as H(z), is the cascade of the LP synthesis filter 1/A(z) and a perceptual weighting
filter W(z), i.e. H(z) = [1/A(z)]·W(z).

[0013] The LP filter A(z) may present, for example, in the z-transform, the transfer function  where
ai represent the linear prediction coefficients (LP coefficients) with a0 = 1, and M is the number of linear prediction

coefficients (order of LP analysis). The LP coefficients ai are determined in an LP analyzer (not shown) of the ACELP

coder 100. The LP analyzer is described for example in the aforementioned article [3GPP TS 26.190 "Adaptive Multi-
Rate - Wideband (AMR-WB) speech codec; Transcoding functions"] and, therefore, will not be further described in the
present disclosure.
[0014] An example of perceptual weighting filter can be W(z) = A(z/γ1)/A(z/γ2) where γ1 and γ2 are constants having
a value between 0 and 1 and determining the frequency response of the perceptual weighting filter W(z).
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Adaptive codebook search

[0015] In the ACELP coder 100 of Figure 1, an adaptive codebook search is performed in the adaptive codebook
stage 120 during each sub-frame by minimizing the mean-squared weighted error between the original and synthesized
speech. This is achieved by maximizing the term 

where x1(n) is the above mentioned target signal, y1(n) is the above mentioned filtered adaptive codebook excitation
signal, and N is the length of a sub-frame.
[0016] Target signal x1(n) is obtained by first processing the input sound signal s(n), for example speech, through the
perceptual weighting filter W(z) 101 to obtain a perceptually weighted input sound signal sw(n). A subtractor 102 then
subtracts the zero-input response of the weighted synthesis filter H(z) 103 from the perceptually weighted input sound
signal sw(n) to obtain the target signal x1(n) for the adaptive codebook search. The perceptual weighting filter W(z) 101,
the weighted synthesis filter H(z)=W(z)/A(z) 103, and the subtractor 102 may be collectively defined as a calculator of
the target signal x1(n) for the adaptive codebook search.
[0017] An adaptive codebook index T (pitch delay) is found during the adaptive codebook search. Then the adaptive
codebook gain gp (pitch gain), for the adaptive codebook index T found during the adaptive codebook search, is given by 

[0018] For simplicity, the codebook index T is dropped from the notation of the filtered adaptive codebook excitation
signal. Thus signal y1(n) is equivalent to the signal y1

(T)(n).
[0019] The adaptive codebook index T and adaptive codebook gain gp are quantized and transmitted to the decoder
as adaptive codebook parameters. The adaptive codebook search is described in the aforementioned article [3GPP TS
26.190 "Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Transcoding functions"] and, therefore, will not be
further described in the present disclosure.

Innovative codebook search

[0020] An innovative codebook search is performed in the innovative codebook stage 130 by minimizing, in the cal-
culator 111, the mean square weighted error after removing the adaptive codebook contribution, i.e.

where the target signal x2(n) for the innovative codebook search is computed by subtracting, through a subtractor 104,
the adaptive codebook excitation contribution gp. y1(n) from the adaptive codebook target signal x1(n).

[0021] The adaptive codebook excitation contribution is calculated in the adaptive codebook stage 120 by processing
the adaptive codebook vector v(n) at the adaptive codebook index T from an adaptive codebook 121 (time-domain CELP
codebook) through the weighted synthesis filter H(z) 105 to obtain the filtered adaptive codebook excitation signal y1(n)
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(i.e. the zero-state response of the weighted synthesis filter 105 to the adaptive codebook vector v(n)), and by amplifying
the filtered adaptive codebook excitation signal y1(n) by the adaptive codebook gain gp using amplifier 106.
[0022] The innovative codebook excitation contribution gc · y2

(k)(n) of Equation (3) is calculated in the innovative
codebook stage 130 by applying an innovative codebook index k to an innovative codebook 107 to produce an innovative
codebook vector c(n). The innovative codebook vector c(n) is then processed through the weighted synthesis filter H(z)
108 to produce the filtered innovative codebook excitation signal y2

(k)(n). The filtered innovative codebook excitation
signal y2

(k)(n) is then amplified, by means of an amplifier 109, with innovation codebook gain gc to produce the innovative
codebook excitation contribution gc · y2

(k)(n) of Equation (3). Finally, a subtractor 110 calculate the term x2(n)-gc · y2
(k)(n).

The calculator 111 then squares the latter term and sums this term with other corresponding terms x2(n)- gc · y2
(k)(n) at

different values of n in the range from 0 to N-1. As indicated in Equation (3), the calculator 11 repeats these operations
for different innovative codebook indexes k to find a minimum value of the mean square weighted error E at a given
innovative codebook index k, and therefore complete calculation of Equation (3). The innovative codebook index k
corresponding to the minimum value of the mean square weighted error E is chosen.
[0023] In ACELP codebooks, the innovative codebook vector c(n) contains M pulses with signs sj and positions mj,
and is thus given by 

where sj = 6 1, and δ(n) = 1 for n = 0, and δ(n) = 0 for n ≠ 0.
[0024] Finally, minimizing E from Equation (3) results in the optimum innovative codebook gain 

[0025] The innovative codebook index k corresponding to the minimum value of the mean square weighted error E
and the corresponding innovative codebook gain gc are quantized and transmitted to the decoder as innovative codebook
parameters. The innovative codebook search is described in the aforementioned article [3GPP TS 26.190 "Adaptive
Multi-Rate - Wideband (AMR-WB) speech codec; Transcoding function"] and, therefore, will not be further described in
the present specification.
[0026] Figure 2 is a schematic block diagram showing the main components and the principle of operation of an ACELP
decoder 200.
[0027] Referring to Figure 2, the ACELP decoder 200 receives decoded adaptive codebook parameters including the
adaptive codebook index T (pitch delay) and the adaptive codebook gain gp (pitch gain). In an adaptive codebook stage
220, the adaptive codebook index T is applied to an adaptive codebook 201 to produce an adaptive codebook vector
v(n) amplified with the adaptive codebook gain gp in an amplifier 202 to produce an adaptive codebook excitation
contribution 203.
[0028] Still referring to Figure 2, the ACELP decoder 200 also receives decoded innovative codebook parameters
including the innovative codebook index k and the innovative codebook gain gc. In an innovative codebook stage 230,
the decoded innovative codebook index k is applied to an innovative codebook 204 to output a corresponding innovative
codebook vector. The vector from the innovative codebook 204 is then amplified with the innovative codebook gain gc
in amplifier 205 to produce an innovative codebook excitation contribution 206.
[0029] The total excitation is then formed through summation in an adder 207 of the adaptive codebook excitation
contribution 203 and the innovative codebook excitation contribution 206. The total excitation is then processed through
a LP synthesis filter 1/A(z) 208 to produce a synthesis s’(n) of the original sound signal s(n), for example speech.
[0030] The present disclosure teaches to modify the CELP model such that another additional codebook stage is used
to form the excitation. Such another codebook is further referred to as a transform-domain codebook stage as it encodes
transform-domain coefficients. The choice of a number of codebooks and their order in the CELP model are described
in the following description. A general structure of a modified CELP model is further shown in Figure 6.

First structure of modified CELP model

[0031] Figure 4 is a schematic block diagram showing the first structure of modified CELP model applied to a decoder
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using, in this non-limitative example, an ACELP decoder. The first structure of modified CELP model comprises a first
codebook arrangement including an adaptive codebook stage 220, a transform-domain codebook stage 420, and an
innovative codebook stage 230. As illustrated in Figure 4, the total excitation e(n) 408 comprises the following contribu-
tions:

- In the adaptive codebook stage 220, an adaptive codebook vector v(n) is produced by the adaptive codebook 201
in response to an adaptive codebook index T and scaled by the amplifier 202 using adaptive codebook gain gp to
produce an adaptive codebook excitation contribution 203;

- In the transform-domain codebook stage 420, a transform-domain vector q(n) is produced and scaled by an amplifier
407 using a transform-domain codebook gain gq to produce a transform-domain codebook excitation contribution
409; and

- In the innovative codebook stage 230, an innovative codebook vector c(n) is produced by the innovative codebook
204 in response to an innovative codebook index k and scaled by the amplifier 205 using innovation codebook gain
gc to produce an innovative codebook excitation contribution 409. This is illustrated by the following relation: 

[0032] This first structure of modified CELP model combines a transform-domain codebook 402 in one stage 420
followed by a time-domain ACELP codebook or innovation codebook 204 in a following stage 230. The transform-domain
codebook 402 may use, for example, a Discrete Cosine Transform (DCT) as the frequency representation of the sound
signal and an Algebraic Vector Quantizer (AVQ) decoder to de-quantize the transform-domain coefficients of the DCT.
It should be noted that the use of DCT and AVQ are examples only; other transforms can be implemented and other
methods to quantize the transform-domain coefficients can also be used.

Computation of the target signal for the transform-domain codebook

[0033] At the coder (Figure 3), the transform-domain codebook of the transform-domain codebook stage 320 of the
first codebook arrangement operates as follows. In a given sub-frame (aligned with the sub-frame of the innovative
codebook) the target signal for the transform-domain codebook qin(n) 300, i.e. the excitation residual r(n) after removing
the scaled adaptive codebook vector gp·v(n), is computed as 

where r(n) is the so-called target vector in residual domain obtained by filtering the target signal x1(n) 315 through the
inverse of the weighted synthesis filter H(z) with zero states. The term ν(n) 313 represents the adaptive codebook vector
and gp 314 the adaptive codebook gain.

Pre-emphasis filtering

[0034] In the transform-domain codebook, the target signal for the transform-domain codebook qin(n) 300 is pre-
emphasized with a filter F(z) 301. An example of a pre-emphasis filter is F(z) = 1 / (1 - α · z-1) with a difference equation
given by 

where qin(n) 300 is the target signal inputted to the pre-emphasis filter F(z) 301, qin,d(n) 302 is the pre-emphasized target
signal for the transform-domain codebook and coefficient α controls the level of pre-emphasis. In this non-limitative
example, if the value of α is set between 0 and 1, the pre-emphasis filter applies a spectral tilt to the target signal for
the transform-domain codebook to enhance the lower frequencies.

Transform calculation

[0035] The transform-domain codebook also comprises a transform calculator 303 for applying, for example, a DCT
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to the pre-emphasized target signal qin,d(n) 302 using, for example, a rectangular non-overlapping window to produce
blocks of transform-domain DCT coefficients Qin,d(k) 304. The DCT-II can be used, the DCT-II being defined as 

where k = 0,... ,N-1, N being the sub-frame length.

Quantization

[0036] Depending on the bit-rate, the transform-domain codebook quantizes all blocks or only some blocks of transform-
domain DCT coefficients Qin,d(k) 304 usually corresponding to lower frequencies using, for example, an AVQ encoder
305 to produce quantized transform-domain DCT coefficients Qd(k) 306. The other, non quantized transform-domain
DCT coefficients Qin,d(k) 304 are set to 0 (not quantized). An example of AVQ implementation can be found in US Patent
No. 7,106,228. The indices of the quantized and coded transform-domain coefficients 306 from the AVQ encoder 305
are transmitted as transform-domain codebook parameters to the decoder.
[0037] In every sub-frame, a bit-budget allocated to the AVQ is composed as a sum of a fixed bit-budget and a floating
number of bits. The AVQ encoder 305 comprises a plurality of AVQ sub-quantizers for AVQ quantizing the transform-
domain DCT coefficients Qin,d(k) 304. Depending on the used AVQ sub-quantizers of the encoder 305, the AVQ usually
does not consume all of the allocated bits, leaving a variable number of bits available in each sub-frame. These bits are
floating bits employed in the following sub- frame. The floating number of bits is equal to 0 in the first sub-frame and the
floating bits resulting from the AVQ in the last sub-frame in a given frame remain unused. The previous description of
the present paragraph stands for fixed bit rate coding with a fixed number of bits per frame. In a variable bit rate coding
configuration, different number of bits can be used in each sub-frame in accordance with a certain distortion measure
or in relation to the gain of the AVQ encoder 305. The number of bits can be controlled to attain a certain average bit rate.

Inverse transform calculation

[0038] To obtain the transform-domain codebook excitation contribution in the time domain, the transform-domain
codebook stage 320 first inverse transforms the quantized transform-domain DCT coefficients Qd(k) 306 in an inverse
transform calculator 307 using an inverse DCT (iDCT) to produce an inverse transformed, emphasized quantized exci-
tation (inverse-transformed sound signal) qd(n) 308. The inverse DCT-II (corresponding to DCT-III up to a scale factor
2/N) is used, and is defined as 

where n = 0,...,N-1, N being the sub-frame length.

De-emphasis filtering

[0039] Then a de-emphasis filter 1/F(z) 309 is applied to the inverse transformed, emphasized quantized excitation
qd(n) 308 to obtain the time-domain excitation from the transform-domain codebook stage q(n) 310. The de-emphasis
filter 309 has the inverse transfer function (1/F(z)) of the pre-emphasis filter F(z) 301. In the non-limitative example for
pre-emphasis filter F(z) given above in Equation (9), the difference equation of the de-emphasis filter 1/F(z) would be
given by 

where, in the case of the de-emphasis filter 309, qd(n) 308 is the inverse transformed, emphasized quantized excitation
qd(n) 308 and q(n) 310 is the time-domain excitation signal from the transform-domain codebook stage q(n).
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Transform-domain codebook gain calculation and quantization

[0040] Once the time-domain excitation signal from the transform-domain codebook stage q(n) 310 is computed, a
calculator (not shown) computes the transform-domain codebook gain as follows: 

where Qin,d(k) are the AVQ input transform-domain DCT coefficients 304, Qd(k) are the AVQ output (quantized) transform-
domain DCT coefficients 304, k is the transform-domain coefficient index, k = 0,...,N-1, N being the number of transform-
domain DCT coefficients.
[0041] Still in the transform-domain codebook stage 320, the transform-domain codebook gain from Equation (13) is
quantized as follows. First, the gain is normalized by the predicted innovation energy Epred as follows: 

[0042] The predicted innovation energy Epred is obtained as an average residual signal energy over all sub-frames
within the given frame, with subtracting an estimate of the adaptive codebook contribution. That is 

where P is the number of sub-frames, and Cnorm(0) and Cnorm(1) the normalized correlations of the first and the second
half-frames of the open-loop pitch analysis, respectively, and r(n) is the target vector in residual domain.
[0043] Then the normalized gain gq,norm is quantized by a scalar quantizer in a logarithmic domain and finally de-
normalized resulting in a quantized transform-domain codebook gain. In an illustrative example, a 6-bit scalar quantizer
is used whereby the quantization levels are uniformly distributed in the log domain. The index of the quantized transform-
domain codebook gain is transmitted as a transform-domain codebook parameter to the decoder.

Refinement of the adaptive codebook gain

[0044] When the first structure of modified CELP model is used, the time-domain excitation signal from the transform-
domain codebook stage q(n) 310 can be used to refine the original target signal for the adaptive codebook search x1(n)
315 as 

and the adaptive codebook stage refines the adaptive codebook gain using Equation (2) with x1,updt(n) used instead of
x1(n). The signal y3(n) is the filtered transform-domain codebook excitation signal obtained by filtering the time-domain
excitation signal from the transform-domain codebook stage q(n) 310 through the weighted synthesis filter H(z) 311 (i.e.
the zero-state response of the weighted synthesis filter H(z) 311 to the transform-domain codebook excitation contribution
q(n)).

Computation of the target vector for innovative codebook search

[0045] When the transform-domain codebook stage 320 is used, computation of the target signal for innovative code-
book search x2(n) 316 is performed using Equation (4) with x1(n) = x1,updt(n) and with gp = gp,updt, i.e., 
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[0046] Referring to Figure 3, amplifier 312 performs the operation gq · y3(n) to calculate the transform-domain codebook
excitation contribution, and subtractors 104 and 317 perform the operation x1(n) - gp,updt · y1(n) - gq · y3(n).
[0047] Similarly, the target signal in residual domain r(n) is updated for the innovative codebook search as follows: 

[0048] The innovative codebook search is then applied as in the ACELP model.

Transform-domain codebook in the decoder

[0049] Referring back to Figure 4, at the decoder, the excitation contribution 409 from the transform-domain codebook
stage 420 is obtained from the received transform-domain codebook parameters including the quantized transform-
domain DCT coefficients Qd(k) and the transform-domain codebook gain gq.
[0050] The transform-domain codebook first de-quantizes the received, decoded (quantized) quantized transform-
domain DCT coefficients Qd(k) using, for example, an AVQ decoder 404 to produce de-quantized transform-domain
DCT coefficients. An inverse transform, for example inverse DCT (iDCT), is applied to these de-quantized transform-
domain DCT coefficients through an inverse transform calculator 405. At the decoder, the transform-domain codebook
applies a de-emphasis filter 1/F(z) 406 after the inverse DCT transform to form the time-domain excitation signal q(n)
407. The transform-domain codebook stage 420 then scales, by means of an amplifier 407 using the transform-domain
codebook gain gq, the time-domain excitation signal q(n) 407 to form the transform-domain codebook excitation contri-
bution 409.
[0051] The total excitation 408 is then formed through summation in an adder 410 of the adaptive codebook excitation
contribution 203, the transform-domain codebook excitation contribution 409, and the innovative codebook excitation
contribution 206. The total excitation 408 is then processed through the LP synthesis filter 1/A(z) 208 to produce a
synthesis s’(n) of the original sound signal, for example speech.

Transform-domain codebook bit-budget

[0052] Usually the higher the bit-rate, the more bits are used by the transform-domain codebook leaving the size of
the innovative codebook the same across the different bitrates. The above disclosed first structure of modified CELP
model can be used at high bit rates (around 48 kbit/s and higher) to encode speech signals practically transparently and
to efficiently encode generic audio signals as well.
[0053] At such high bit rates the vector quantizer of the adaptive and innovative codebook gains may be replaced by
two scalar quantizers. More specifically, a linear scalar quantizer is used to quantize the adaptive codebook gain gp and
a logarithmic scalar quantizer is used to quantize the innovative codebook gain gc.

Second structure of modified CELP model

[0054] The above described first structure of modified CELP model using a transform-domain codebook stage followed
by an innovative codebook stage (Figure 3) can be further adaptively changed depending on the characteristics of the
input sound signal. For example, in coding of inactive speech segments, it may be advantageous to change the order
of the transform-domain codebook stage and the ACELP innovative codebook stage. Therefore, the second structure
of modified CELP model uses a second codebook arrangement combining the time-domain adaptive codebook in a first
codebook stage followed by a time-domain ACELP innovative codebook in a second codebook stage followed by a
transform-domain codebook in a third codebook stage. The ACELP innovative codebook of the second stage usually
may comprise very small codebooks and may even be avoided.
[0055] Contrary to the first structure of modified CELP model where the transform-domain codebook stage can be
seen as a pre-quantizer for the innovative codebook stage, the transform-domain codebook stage in the second codebook
arrangement of the second structure of modified CELP model is used as a stand-alone third-stage quantizer (or a second-
stage quantizer if the innovative codebook stage is not used). Although the transform-domain codebook stage puts
usually more weights in coding the perceptually more important lower frequencies, contrary to the transform-domain
codebook stage in the first codebook arrangement to whiten the excitation residual after subtraction of the adaptive and
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innovative codebook excitation contributions in all the frequency range. This can be desirable in coding the noise-like
(inactive) segments of the input sound signal.

Computation of the target signal for the transform-domain codebook

[0056] Referring to Figure 5, which is a block diagram of the second structure of modified CELP model, the transform-
domain codebook stage 520 operates as follows. In a given sub-frame, the target signal for the transform-domain
codebook search x3(n) 518 is computed by a calculator using the subtractor 104 subtracting from the adaptive codebook
search target signal x1(n) the filtered adaptive codebook excitation signal y1(n) scaled by the amplifier 106 using adaptive
codebook gain gp to form the innovative codebook search target signal x2(n), and a subtractor 525 subtracting from the
innovative codebook search target signal x2(n) the filtered innovative codebook excitation signal y2(n) scaled by the
amplifier 109 using innovative codebook gain gc (if the innovative codebook is used), as follows:

[0057] The calculator also filters the target signal for the transform-domain codebook search x3(n) 518 through the
inverse of the weighted synthesis filter H(z) with zero states resulting in the residual domain target signal for the transform-
domain codebook search uin(n) 500.

Pre-emphasis filtering

[0058] The signal uin(n) 500 is used as the input signal to the transform-domain codebook search. In this non-limitative
example, in the transform-domain codebook, the signal uin(n) 500 is first pre-emphasized with filter F(z) 301 to produce
pre-emphasized signal uin,d(n) 502. An example of such a pre-emphasis filter is given by Equation (9). The filter of
Equation (9) applies a spectral tilt to the signal uin(n) 500 to enhance the lower frequencies.

Transform calculation

[0059] The transform-domain codebook also comprises, for example, a DCT applied by the transform calculator 303
to the pre-emphasized signal uin,d(n) 502 using, for example, a rectangular non-overlapping window to produce blocks
of transform-domain DCT coefficients Uin,d(k) 504. An example of the DCT is given in Equation (10).

Quantization

[0060] Usually all blocks of transform-domain DCT coefficients Uin,d(k) 504 are quantized using, for example, the AVQ
encoder 305 to produce quantized transform-domain DCT coefficients Ud(k) 506. The quantized transform-domain DCT
coefficients Ud(k) 506 can be however set to zero at low bit rates as explained in the foregoing description. Contrary to
the transform-domain codebook of the first codebook arrangement, the AVQ encoder 305 may be used to encode blocks
with the highest energy across all the bandwidth instead of forcing the AVQ to encode the blocks corresponding to lower
frequencies.
[0061] Similarly to the first codebook arrangement, a bit-budget allocated to the AVQ in every sub-frame is composed
as a sum of a fixed bit-budget and a floating number of bits. The indices of the coded, quantized transform-domain DCT
coefficients Ud(k) 506 from the AVQ encoder 305 are transmitted as transform-domain codebook parameters to the
decoder.
[0062] In another non-limitative example, the quantization can be performed by minimizing the mean square error in
a perceptually weighted domain as in the CELP codebook search. The pre-emphasis filter F(z) 301 described above
can be seen as a simple form of perceptual weighting. More elaborate perceptual weighting can be performed by filtering
the signal uin(n) 500 prior to transform and quantization. For example, replacing the pre-emphasis filter F(z) 301 by the
weighted synthesis filter W(z)/A(z) is equivalent to transforming and quantizing the target signal x3(n). The perceptual
weighting can be also applied in the transform domain, e.g. by multiplying the transform-domain DCT coefficients Uin,d(k)
504 by a frequency mask prior to quantization. This will eliminate the need of pre-emphasis and de-emphasis filtering.
The frequency mask could be derived from the weighted synthesis filter W(z)/A(z).

Inverse transform calculation

[0063] The quantized transform-domain DCT coefficients Ud(k) 506 are inverse transformed in inverse transform
calculator 307 using, for example, an inverse DCT (iDCT) to produce an inverse transformed, emphasized quantized
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excitation ud(n) 508. An example of the inverse transform is given in Equation (11).

De-emphasis filtering

[0064] The inverse transformed, emphasized quantized excitation ud(n) 508 is processed through the de-emphasis
filter 1/F(z) 309 to obtain a time-domain excitation signal from the transform-domain codebook stage u(n) 510. The de-
emphasis filter 309 has the inverse transfer function of the pre-emphasis filter F(z) 301; in the non-limitative example
for pre-emphasis filter F(z) described above, the transfer function of the de-emphasis filter 309 is given by Equation (12).
[0065] The signal y3(n) 516 is the transform-domain codebook excitation signal obtained by filtering the time-domain
excitation signal u(n) 510 through the weighted synthesis filter H(z) 311 (i.e. the zero-state response of the weighted
synthesis filter H(z) 311 to the time-domain excitation signal u(n) 510).
[0066] Finally, the transform-domain codebook excitation signal y3(n) 516 is scaled by the amplifier 312 using transform-
domain codebook gain gq.

Transform-domain codebook gain calculation and quantization

[0067] Once the transform-domain codebook excitation contribution u(n) 510 is computed, the transform-domain code-
book gain gq is obtained using the following relation: 

where Uin,d(k) 504 the AVQ input transform-domain DCT coefficients and Ud(k) 506 are the AVQ output quantized
transform-domain DCT coefficients.
[0068] The transform-domain codebook gain gq is quantized using the normalization by the innovative codebook gain
gc. In one example, a 6-bit scalar quantizer is used whereby the quantization levels are uniformly distributed in the linear
domain. The index of the quantized transform-domain codebook gain gq is transmitted as transform-domain codebook
parameter to the decoder.

Limitation of the adaptive codebook contribution

[0069] When coding the inactive sound signal segments, for example inactive speech segments, the adaptive codebook
excitation contribution is limited to avoid a strong periodicity in the synthesis. In practice, the adaptive codebook gain
gp is usually constrained by 0 ≤ gp ≤ 1.2. When coding an inactive sound signal segment, a limiter is provided in the
adaptive codebook search to constrain the adaptive codebook gain gp by 0 ≤ gp ≤ 0.65.

Transform-domain codebook in the decoder

[0070] At the decoder, the excitation contribution from the transform-domain codebook is obtained by first de-quantizing
the decoded (quantized) transform-domain (DCT) coefficients (using, for example, an AVQ decoder (not shown)) and
applying the inverse transform (for example inverse DCT (iDCT)) to these de-quantized transform-domain (DCT) coef-
ficients. Finally, the de-emphasis filter 1/F(z) is applied after the inverse DCT transform to form the time-domain excitation
signal u(n) scaled by the transform-domain codebook gain gq (see transform-domain codebook 402 of Figure 4).
[0071] At the decoder, the order of codebooks and corresponding codebook stages during the decoding process is
not important as a particular codebook contribution does not depend on or affect other codebook contributions. Thus
the second codebook arrangement in the second structure of modified CELP model can be identical to the first codebook
arrangement of the first structure of modified CELP model of Figure 4 with q(n) = u(n) and the total excitation is given
by Equation (7).
[0072] Finally, the transform-domain codebook is searched by subtracting through a subtractor 530 (a) the time-domain
excitation signal from the transform-domain codebook stage u(n) processed through the weighted synthesis filter H(z)
311 and scaled by transform-domain codebook gain gq from (b) the transform-domain codebook search target signal
x3(n) 518, and minimizing error criterion min {|error(n)|2} in calculator 511, as illustrated in Figure 5.
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General modified CELP model

[0073] A general modified CELP coder with a plurality of possible structures is shown in Figure 6.
[0074] The CELP coder of Figure 6 comprises a selector of an order of the time-domain CELP codebook and the
transform-domain codebook in the second and third codebook stages, respectively, as a function of characteristics of
the input sound signal. The selector may also be responsive to the bit rate of the codec using the modified CELP model
to select no codebook in the third stage, more specifically to bypass the third stage. In the latter case, no third codebook
stage follows the second one.
[0075] As illustrated in Figure 6, the selector may comprise a classifier 601 responsive to the input sound signal such
as speech to classify each of the successive frames for example as active speech frame (or segment) or inactive speech
frame (or segment). The output of the classifier 601 is used to drive a first switch 602 which determines if the second
codebook stage after the adaptive codebook stage is ACELP coding 604 or transform-domain (TD) coding 605. Further,
a second switch 603 also driven by the output of the classifier 601 determines if the second ACELP stage 604 is followed
by a TD stage 606 or if the second TD stage 605 is followed by an ACELP stage 607. Moreover, the classifier 601 may
operate the second switch 603 in relation to an active or inactive speech frame and a bit rate of the codec using the
modified CELP model, so that no further stage follows the second ACELP stage 604 or second TD stage 605.
[0076] In an illustrative example, the number of codebooks (stages) and their order in a modified CELP model are
shown in Table I. As can be seen in Table I, the decision by the classifier 601 depends on the signal type (active or
inactive speech frames) and on the codec bit-rate.

[0077] Although examples of implementation are given herein above with reference to an ACELP model, it should be
kept in mind that a CELP model other than ACELP could be used. It should also be noted that the use of DCT and AVQ
are examples only; other transforms can be implemented and other methods to quantize the transform-domain coefficients
can also be used.

Claims

1. A coder of an input sound signal (s(n)), comprising:

an adaptive codebook stage structured to search an adaptive codebook (120) to find an adaptive codebook
index (T) and an adaptive codebook gain (gp);
a codebook arrangement comprising:

a first codebook stage including one of a time-domain CELP codebook (130, 604, 607) and a transform-
domain codebook (320, 520, 605, 606) including a calculator (303) of a transform of a transform-domain
codebook target signal (300, 500) and a quantizer (305) of transform-domain coefficients (304, 504) from
the transform calculator (303); and
a second codebook stage including the other of the time-domain CELP codebook (130, 604, 607) and the
transform-domain codebook (320, 520, 605, 606);
wherein the first and second codebook stages are structured to search the respective time-domain CELP
codebook (130, 604, 607) and transform-domain codebook (320, 520, 605, 606) to find an innovative
codebook index (k), an innovative codebook gain (gc), transform-domain coefficients (304, 504), and a
transform-domain codebook gain (gq);

wherein the codebook stages are used in the sequence adaptive codebook stage, first codebook stage, second
codebook stage for coding the input sound signal;

Table I - Codebooks in an example of modified CELP model (ACB stands for adaptive codebook and TDCB for 
transform-domain codebook)

Codec Bit Rate Active Speech Frames Inactive Speech Frames

16 kbit/s ACB→ACELP ACB→ACELP

24 kbit/s ACB→ACELP ACB→ACELP

32 kbit/s ACB→TDCB→ACELP ACB→ACELP→TDCB

48 kbit/s ACB→TDCB→ACELP ACB→  ACELP→TDCB
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characterized in that the codebook arrangement further comprises:

a selector of an order of the time-domain CELP codebook (130, 604, 607) and the transform-domain
codebook (320, 520, 605, 606) in the first and second codebook stages, respectively, as a function of at
least one of (a) characteristics of the input sound signal (s(n)) and (b) a bit rate of a codec using the codebook
arrangement.

2. A coder as defined in claim 1, wherein the selector comprises a classifier (601) of the input sound signal (s(n)), and
at least one first switch (602) controlled by the classifier (601) to change the order of the time-domain CELP codebook
(130, 604, 607) and the transform-domain codebook (320, 520, 605, 606) in the first and second codebook stages.

3. A coder as defined in claim 2, wherein the selector comprises a second switch (603) responsive to both the char-
acteristics of the input sound signal (s(n)) and the bit rate of the codec using the codebook arrangement to bypass
the second codebook stage.

4. A coder as defined in claim 2, wherein the classifier (601) classifies each of successive segments of the input sound
signal (s(n)) as active speech segment or inactive speech segment.

5. A coder as defined in claim 1, wherein the codebook arrangement comprises a number of codebook stages related
at least one of (a) characteristics of the input sound signal and (b) a bit rate of a codec using the codebook arrange-
ment.

6. A coder as defined in claim 1, wherein the transform is a discrete cosine transform and the quantizer (305) is an
algebraic vector quantizer.

7. A coder as defined in claim 1 or 6, wherein the transform-domain codebook (320, 520, 605, 606) comprises a pre-
emphasis filter (301) processing the transform-domain codebook target signal (300, 500) before supplying said
transform-domain codebook target signal (302, 502) to the transform calculator (303).

8. A coder as defined in any one of claims 1, 6 and 7, wherein the transform-domain codebook (320, 520, 605, 606)
stage further comprises a calculator (307) of an inverse transform (30, 508) of quantized transform-domain coeffi-
cients (306, 506) from the quantizer (305), a de-emphasis filter (309) for processing the inverse transformed, quan-
tized transform-domain coefficients (308, 508) to produce a time-domain excitation signal (310, 510), a weighted
synthesis filter (311) for processing the time-domain excitation signal (310, 510) to produce a filtered transform-
domain codebook excitation signal (y3(n)), and an amplifier (312) using the transform-domain codebook gain (gq)
for scaling the filtered transform-domain codebook excitation signal (y3(n)) to produce the transform-domain code-
book excitation contribution (409).

9. A coder as defined in any one of claims 1 and 6 to 8, wherein the adaptive codebook stage comprises an adaptive
codebook (120) supplied with the adaptive codebook index (T) to produce an adaptive codebook vector (v(n)), and
wherein the coder comprises a calculator (104, 105, 106) of the transform-domain codebook target signal (300)
using the adaptive codebook vector (v(n)) when the transform-domain codebook (320, 520, 605, 606) is included
in the first codebook stage.

10. A coder as defined in any one of claims 1 and 6 to 8, wherein:

the adaptive codebook stage comprises an adaptive codebook (120) and computes an adaptive codebook
excitation contribution (203) by supplying the adaptive codebook index (T) to the adaptive codebook (120) to
produce an adaptive codebook vector (v(n)), processing the adaptive codebook vector (v(n)) through a weighted
synthesis filter (105) to produce a filtered adaptive codebook excitation signal (y1(n)), and amplifying the filtered
adaptive codebook excitation signal with an amplifier (106) using the adaptive codebook gain (gp) to produce
the adaptive codebook excitation contribution (203); and
the time-domain CELP codebook stage comprises as the time-domain CELP codebook (130, 604, 607) an
innovative codebook and computes an innovative codebook excitation contribution (206) by applying the inno-
vative codebook index (k) to the innovative codebook to produce an innovative codebook vector (c(n)), process-
ing the innovative codebook vector (c(n)) through a weighted synthesis filter (108) to produce a filtered innovative
codebook excitation signal (y2(n)), and amplifying the filtered innovative codebook excitation signal (y2(n)) with
an amplifier (109) using the innovative codebook gain (gc) to produce the innovative codebook excitation con-
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tribution (206).

11. A coder as defined in claim 10, comprising a calculator (108, 109, 110) of the transform-domain codebook target
signal (500) using the adaptive codebook excitation contribution (203) and the innovative codebook excitation con-
tribution (206) when the transform-domain codebook (320, 520, 605, 606) is included in the second codebook stage.

12. A coder as defined in any one of claims 1 and 6 to 11, wherein the transform-domain codebook (320, 520, 605,
606) stage comprises a bit budget allocated to the quantization by the quantizer (305) that is a sum of a fixed bit
budget and a floating number of bits.

13. A coder as defined in claim 12, wherein the floating number of bits in a current sub-frame comprises bits unused
for the quantization in a previous sub-frame.

14. A coder as defined in any one of claim 1 and 6 to 13, wherein the transform-domain codebook (320, 520, 605, 606)
stage comprises a calculator of the transform-domain codebook gain (gq) using transform-domain coefficients (304,
504) from the transform calculator (303) and quantized transform-domain coefficients (306, 506) from the quantizer
(305).

15. A coder as defined in any one of claims 1 and 6 to 14, wherein the transform-domain codebook (320, 520, 605,
606) stage produces a transform-domain codebook excitation contribution, and wherein the adaptive codebook
(120) stage uses the transform-domain codebook excitation contribution to refine the adaptive codebook gain (gp).

16. A coder as defined in any one of claims 1 and 6 to 15, comprising a limiter of the adaptive codebook gain (gp) in
the presence of inactive sound signal segments.

Patentansprüche

1. Codierer eines Eingangstonsignals (s(n)), umfassend:

eine adaptive Codebuchstufe, strukturiert zum Durchsuchen eines adaptiven Codebuchs (120), um einen ad-
aptiven Codebuchindex (T) und einen adaptiven Codebuchverstärkungsfaktor (gp) zu finden;
eine Codebuchanordnung, umfassend:

eine erste Codebuchstufe mit einem eines Zeitbereichs-CELP-Codebuchs (130, 604, 607) und eines Trans-
formationsbereichs-Codebuchs (320, 520, 605, 606) mit einem Kalkulator (303) einer Transformation eines
Transformationsbereichs-Codebuchzielsignals (300, 500) und einem Quantisierer (305) von Transforma-
tionsbereichskoeffizienten (304, 504) von dem Transformationskalkulator (303); und
eine zweite Codebuchstufe mit dem anderen des Zeitbereichs-CELP-Codebuchs (130, 604, 607) und des
Transformationsbereichs-Codebuchs (320, 520, 605, 606);
wobei die erste und zweite Codebuchstufe strukturiert sind zum Durchsuchen des jeweiligen Zeitbereichs-
CELP-Codebuchs (130, 604, 607) und Transformationsbereichs-Codebuchs (320, 520, 605, 606), um einen
innovativen Codebuchindex (k), einen innovativen Codebuch-Verstärkungsfaktor (gc), Transformationsbe-
reichskoeffizienten (304, 504) und einen Transformationsbereichs-Codebuch-Verstärkungsfaktor (gq) zu
finden;

wobei die Codebuchstufen in der Sequenz adaptive Codebuchstufe, erste Codebuchstufe, zweite Codebuch-
stufe zur Codierung des Eingangstonsignals verwendet werden;
dadurch gekennzeichnet, dass die Codebuchanordnung ferner Folgendes umfasst:

einen Selektor einer Reihenfolge des Zeitbereichs-CELP-Codebuchs (130, 604, 607) und des Transfor-
mationsbereichs-Codebuchs (320, 520, 605, 606) in der ersten bzw. zweiten Codebuchstufe als Funktion
(a) von Kenngrößen des Eingangstonsignals (s(n)) und/oder (b) einer Bitrate eines die Codebuchanordnung
verwendenden Codex.

2. Codierer nach Anspruch 1, wobei der Selektor einen Klassifizierer (601) des Eingangstonsignals (s(n)) und min-
destens einen durch den Klassifizierer (601) gesteuerten ersten Schalter (602) zum Ändern der Reihenfolge des
Zeitbereichs-CELP-Codebuchs (130, 604, 607) und des Transformationsbereichs-Codebuchs (320, 520, 605, 606)
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in der ersten und zweiten Codebuchstufe umfasst.

3. Codierer nach Anspruch 2, wobei der Selektor einen zweiten Schalter (603) umfasst, der sowohl auf die Kenngrößen
des Eingangstonsignals (s(n)) als auch die Bitrate des Codex, der die Codebuchanordnung verwendet, reagiert,
um die zweite Codebuchstufe zu umgehen.

4. Codierer nach Anspruch 2, wobei der Klassifizierer (601) jedes sukzessiver Segmente des Eingangstonsignals
(s(n)) als aktives Sprachsegment oder inaktives Sprachsegment klassifiziert.

5. Codierer nach Anspruch 1, wobei die Codebuchanordnung eine Anzahl von Codebuchstufen in Bezug auf (a)
Kenngrößen des Eingangstonsignals und/oder (b) eine Bitrate eines die Codebuchanordnung verwendenden Codex
umfasst.

6. Codierer nach Anspruch 1, wobei die Transformation eine diskrete Cosinustransformation ist und der Quantisierer
(305) ein algebraischer Vektorquantisierer ist.

7. Codierer nach Anspruch 1 oder 6, wobei das Transformationsbereichs-Codebuch (320, 520, 605, 606) ein Vorent-
zerrungsfilter (301) umfasst, das das Transformationsbereichs-Codebuch-Zielsignal (300, 500) verarbeitet, bevor
das Transformationsbereichs-Codebuch-Zielsignal (302, 502) dem Transformationskalkulator (303) zugeführt wird.

8. Codierer nach einem der Ansprüche 1, 6 und 7, wobei die Stufe des Transformationsbereichs-Codebuchs (320,
520, 605, 606) ferner einen Kalkulator (307) einer Rücktransformation (30, 508) quantisierter Transformationsbe-
reichskoeffizienten (306, 506) von dem Quantisierer (305), ein Vorentzerrungsfilter (309) zum Verarbeiten der rück-
transformierten, quantisierten Transformationsbereichskoeffizienten (308, 508), um ein Zeitbereichs-Erregungssi-
gnal (310, 510) zu produzieren, ein gewichtetes Synthesefilter (311) zum Verarbeiten des Zeitbereichs-Erregungs-
signals (310, 510), um ein gefiltertes Transformationsbereichs-Codebuch-Erregungssignal (y3(n)) zu produzieren,
und einen Verstärker (312) umfasst, der den Transformationsbereichs-Codebuch-Verstärkungsfaktor (gq) zum Ska-
lieren des gefilterten Transformationsbereichs-Codebuch-Erregungssignals (y3(n)) verwendet, um den Transforma-
tionsbereichs-Codebuch-Erregungsbeitrag (409) zu produzieren.

9. Codierer nach einem der Ansprüche 1 und 6 bis 8, wobei die adaptive Codebuchstufe ein adaptives Codebuch
(120) umfasst, das den adaptiven Codebuchindex (T) erhält, um einen adaptiven Codebuchvektor (v(n)) zu produ-
zieren, und wobei der Codierer einen Kalkulator (104, 105, 106) des Transformationsbereichs-Codebuch-Zielsignals
(300) umfasst, der den adaptiven Codebuchvektor (v(n)) verwendet, wenn das Transformationsbereichs-Codebuch
(320, 520, 605, 606) in der ersten Codebuchstufe enthalten ist.

10. Codierer nach einem der Ansprüche 1 und 6 bis 8, wobei
die adaptive Codebuchstufe ein adaptives Codebuch (120) umfasst und einen adaptiven Codebuch-Erregungsbei-
trag (203) berechnet, indem der adaptive Codebuchindex (T) dem adaptiven Codebuch (120) zugeführt wird, um
einen adaptiven Codebuchvektor (v(n)) zu produzieren, der adaptive Codebuchvektor (v(n)) mittels eines gewich-
teten Synthesefilters (105) verarbeitet wird, um ein gefiltertes adaptives Codebuch-Erregungssignal (y1(n)) zu pro-
duzieren, und das gefilterte adaptive Codebuch-Erregungssignal mit einem Verstärker (106) verstärkt wird, der den
adaptiven Codebuch-Verstärkungsfaktor (gp) verwendet, um den adaptiven Codebuch-Erregungsbeitrag (203) zu
produzieren; und
die Zeitbereichs-CELP-Codebuchstufe als das Zeitbereichs-CELP-Codebuch (130, 604, 607) ein innovatives Co-
debuch umfasst und einen innovativen Codebuch-Erregungsbeitrag (206) berechnet durch Anwenden des innova-
tiven Codebuchindex (k) auf das innovative Codebuch, um einen innovativen Codebuchvektor (c(n)) zu produzieren,
Verarbeiten des innovativen Codebuchvektors (c(n)) mittels eines gewichteten Synthesefilters (108), um ein gefil-
tertes innovatives Codebuch-Erregungssignal (y2(n)) zu produzieren, und Verstärken des gefilterten innovativen
Codebuch-Erregungssignals (y2(n)) mit einem Verstärker (109) unter Verwendung des innovativen Codebuch-Ver-
stärkungsfaktors (gc), um den innovativen Codebuch-Erregungsbeitrag (206) zu produzieren.

11. Codierer nach Anspruch 10, der einen Kalkulator (108, 109, 110) des Transformationsbereichs-Codebuch-Zielsig-
nals (500) umfasst, der den adaptiven Codebuch-Erregungsbeitrag (203) und den innovativen Codebuch-Erre-
gungsbeitrag (206) verwendet, wenn das Transformationsbereichs-Codebuch (320, 520, 605, 606) in der zweiten
Codebuchstufe enthalten ist.

12. Codierer nach einem der Ansprüche 1 und 6 bis 11, wobei die Stufe des Transformationsbereichs-Codebuchs (320,
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520, 605, 606) ein der Quantisierung durch den Quantisierer (305) zugeteiltes Bitbudget umfasst, das eine Summe
eines festen Bitbudgets und einer gleitenden Anzahl von Bit ist.

13. Codierer nach Anspruch 12, wobei die gleitende Anzahl von Bit in einem aktuellen Subrahmen für die Quantisierung
in einem vorherigen Subrahmen unbenutzte Bit umfasst.

14. Codierer nach einem der Ansprüche 1 und 6 bis 13, wobei die Stufe des Transformationsbereichs-Codebuchs (320,
520, 605, 606) einen Kalkulator des Transformationsbereichs-Codebuch-Verstärkungsfaktors (gq) umfasst, der
Transformationsbereichskoeffizienten (304, 504) von dem Transformationskalkulator (303) und quantisierte Trans-
fomationsbereichskoeffizienten (306, 506) von dem Quantisierer (305) verwendet.

15. Codierer nach einem der Ansprüche 1 und 6 bis 14, wobei die Stufe des Transformationsbereichs-Codebuchs (320,
520, 605, 606) einen Transformationsbereichs-Codebuch-Erregungsbeitrag produziert und wobei die Stufe des
adaptiven Codebuchs (120) den Transformationsbereichs-Codebuch-Erregungsbeitrag zum Verfeinern des adap-
tiven Codebuch-Verstärkungsfaktors (gp) verwendet.

16. Codierer nach einem der Ansprüche 1 und 6 bis 15, der einen Begrenzer des adaptiven Codebuch-Verstärkungs-
faktors (gp) bei Anwesenheit von inaktiven Tonsignalsegmenten umfasst.

Revendications

1. Codeur d’un signal audio d’entrée (s(n)), comprenant :

un étage de livre de codes adaptatif structuré pour rechercher dans un livre de codes adaptatif (120) afin de
trouver un index de livre de codes adaptatif (T) et un gain de livre de codes adaptatif (gp) ;
un agencement de livres de codes comprenant :

un premier étage de livre de codes comprenant un livre de codes parmi un livre de codes CELP en domaine
temporel (130, 604, 607) et un livre de codes en domaine de transformée (320, 520, 605, 606) comprenant
un calculateur (303) d’une transformée d’un signal cible de livre de codes en domaine de transformée (300,
500) et un quantificateur (305) de coefficients en domaine de transformée (304, 504) en provenance du
calculateur de transformée (303) ; et
un second étage de livre de codes comprenant l’autre livre de codes parmi le livre de codes CELP en
domaine temporel (130, 604, 607) et le livre de codes en domaine de transformée (320, 520, 605, 606) ;

les premier et second étages de livre de codes étant structurés pour rechercher dans le livre de codes CELP
en domaine temporel (130, 604, 607) et le livre de codes en domaine de transformée (320, 520, 605, 606)
respectifs afin de trouver un index de livre de codes d’innovation (k), un gain de livre de codes d’innovation
(gc), des coefficients en domaine de transformée (304, 504) et un gain de livre de codes en domaine de
transformée (gq) ;
les étages de livre de codes étant utilisés selon la séquence étage de livre de codes adaptatif, premier étage
de livre de codes et second étage de livre de codes pour coder le signal audio d’entrée ;
le codeur étant caractérisé en ce que l’agencement de livres de codes comprend en outre :

un sélecteur d’un ordre du livre de codes CELP en domaine temporel (130, 604, 607) et du livre de codes
en domaine de transformée (320, 520, 605, 606) dans, respectivement, les premier et second étages de
livre de codes, en fonction d’au moins un parmi (a) des caractéristiques du signal audio d’entrée (s(n)) et
(b) un débit binaire d’un code utilisant l’agencement de livres de codes.

2. Codeur selon la revendication 1, dans lequel le sélecteur comprend un classificateur (601) du signal audio d’entrée
(s(n)), et au moins un premier commutateur (602) commandé par le classificateur (601) pour changer l’ordre du
livre de codes CELP en domaine temporel (130, 604, 607) et du livre de codes en domaine de transformée (320,
520, 605, 606) dans les premier et second étages de livre de codes.

3. Codeur selon la revendication 2, dans lequel le sélecteur comprend un second commutateur (603) répondant à la
fois aux caractéristiques du signal audio d’entrée (s(n)) et au débit binaire du codec utilisant l’agencement de livres
de codes pour contourner le second étage de livre de codes.
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4. Codeur selon la revendication 2, dans lequel le classificateur (601) classe chacun des segments successifs du
signal audio d’entrée (s(n)) en tant que segment vocal actif ou en tant que segment vocal inactif.

5. Codeur selon la revendication 1, dans lequel l’agencement de livres de codes comprend un certain nombre d’étages
de livre de codes relatifs à au moins un parmi (a) des caractéristiques du signal audio d’entrée et (b) un débit binaire
d’un codec utilisant l’agencement de livres de codes.

6. Codeur selon la revendication 1, dans lequel la transformée est une transformée en cosinus discrète, et le quanti-
ficateur (305) est un quantificateur vectoriel algébrique.

7. Codeur selon la revendication 1 ou 6, dans lequel le livre de codes en domaine de transformée (320, 520, 605, 606)
comprend un filtre de préaccentuation (301) traitant le signal cible de livre de codes en domaine de transformée
(300, 500) avant de fournir ledit signal cible de livre de codes en domaine de transformée (302, 502) au calculateur
de transformée (303).

8. Codeur selon l’une quelconque des revendications 1, 6 et 7, dans lequel l’étage du livre de codes en domaine de
transformée (320, 520, 605, 606) comprend en outre un calculateur (307) d’une transformée inverse (30, 508) de
coefficients quantifiés en domaine de transformée (306, 506) en provenance du quantificateur (305), un filtre de
désaccentuation (309) permettant de traiter la transformée inverse des coefficients quantifiés en domaine de trans-
formée (308, 508) afin de produire un signal d’excitation en domaine temporel (310, 510), un filtre de synthèse
pondéré (311) permettant de traiter le signal d’excitation en domaine temporel (310, 510) afin de produire un signal
filtré d’excitation de livre de codes en domaine de transformée (y3(n)), et un amplificateur (312) utilisant le gain de
livre de codes en domaine de transformée (gq) pour mettre à l’échelle le signal filtré d’excitation de livre de codes
en domaine de transformée (y3(n)) afin de produire la contribution d’excitation de livre de codes en domaine de
transformée (409).

9. Codeur selon l’une quelconque des revendications 1 et 6 à 8, dans lequel l’étage de livre de codes adaptatif comprend
un livre de codes adaptatif (120) fourni avec l’index de livre de codes adaptatif (T) pour produire un vecteur de livre
de codes adaptatif (v(n)), et dans lequel le codeur comprend un calculateur (104, 105, 106) du signal cible de livre
de codes en domaine de transformée (300) utilisant le vecteur de livre de codes adaptatif (v(n)) quand le livre de
codes en domaine de transformée (320, 520, 605, 606) est inclus dans le premier étage de livre de codes.

10. Codeur selon l’une quelconque des revendications 1 et 6 à 8, dans lequel :

l’étage de livre de codes adaptatif comprend un livre de codes adaptatif (120) et calcule une contribution
d’excitation de livre de codes adaptatif (203) en fournissant l’index de livre de codes adaptatif (T) au livre de
codes adaptatif (120) afin de produire un vecteur de livre de codes adaptatif (v(n)), en traitant le vecteur de livre
de codes adaptatif (v(n)) par l’intermédiaire d’un filtre de synthèse pondéré (105) afin de produire un signal filtré
d’excitation de livre de codes adaptatif (y1(n)), et en amplifiant le signal filtré d’excitation de livre de codes
adaptatif avec un amplificateur (106) utilisant le gain de livre de codes adaptatif (gp) afin de produire la contribution
d’excitation de livre de codes adaptatif (203) ; et
l’étage de livre de codes CELP en domaine temporel comprend en tant que livre de codes CELP en domaine
temporel (130, 604, 607) un livre de codes d’innovation, et calcule une contribution d’excitation de livre de codes
d’innovation (206) en appliquant l’index de livre de codes d’innovation (k) au livre de codes d’innovation afin
de produire un vecteur de livre de codes d’innovation (c(n)), en traitant le vecteur de livre de codes d’innovation
(c(n)) par l’intermédiaire d’un filtre de synthèse pondéré (108) afin de produire un signal filtré d’excitation de
livre de codes d’innovation (y2(n)), et en amplifiant le signal filtré d’excitation de livre de codes d’innovation
(y2(n)) avec un amplificateur (109) utilisant le gain de livre de codes d’innovation (gc) afin de produire la con-
tribution d’excitation de livre de codes d’innovation (206).

11. Codeur selon la revendication 10, comprenant un calculateur (108, 109, 110) du signal cible de livre de codes en
domaine de transformée (500) en utilisant la contribution d’excitation de livre de codes adaptatif (203) et la contribution
d’excitation de livre de codes d’innovation (206) quand le livre de codes en domaine de transformée (320, 520, 605,
606) est inclus dans le second étage de livre de codes.

12. Codeur selon l’une quelconque des revendications 1 et 6 à 11, dans lequel l’étage du livre de codes en domaine
de transformée (320, 520, 605, 606) comprend un budget de bits alloué à la quantification par le quantificateur (305)
et correspondant à une somme d’un budget de bits fixe et d’un nombre flottant de bits.



EP 2 707 687 B1

19

5

10

15

20

25

30

35

40

45

50

55

13. Codeur selon la revendication 12, dans lequel le nombre flottant de bits dans une sous-trame actuelle comprend
des bits non utilisés par la quantification dans une sous-trame précédente.

14. Codeur selon l’une quelconque des revendications 1 et 6 à 13, dans lequel l’étage du livre de codes en domaine
de transformée (320, 520, 605, 606) comprend un calculateur du gain de livre de codes en domaine de transformée
(gq) utilisant des coefficients en domaine de transformée (304, 504) en provenance du calculateur de transformée
(303) et des coefficients quantifiés en domaine de transformée (306, 506) en provenance du quantificateur (305).

15. Codeur selon l’une quelconque des revendications 1 et 6 à 14, dans lequel l’étage du livre de codes en domaine
de transformée (320, 520, 605, 606) produit une contribution d’excitation de livre de codes en domaine de trans-
formée, et dans lequel l’étage du livre de codes adaptatif (120) utilise la contribution d’excitation de livre de codes
en domaine de transformée pour affiner le gain de livre de codes adaptatif (gp).

16. Codeur selon l’une quelconque des revendications 1 et 6 à 15, comprenant un limiteur du gain de livre de codes
adaptatif (gp) en la présence de segments de signal audio inactifs.
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