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TIME-DOMAIN SUPERWIDEBAND BANDWIDTH EXPANSION
FOR CROSS-TALK SCENARIOS

TECHNICAL FIELD

[0001] The present disclosure relates to a method and device for time-domain
bandwidth expansion of an excitation signal during encoding/decoding of a cross-talk
sound signal.

[0002] In the present disclosure and the appended claims:

- The term “cross-talk” is generally intended to designate sound segments in
which a first sound element is superposed to a second sound element, for
example but not exclusively speech segments when a first person talks over a
second person.

- The term “low-band” is intended to designate a lower frequency range. Although
the O kHz - 6.4 kHz and 0 kHz - 8 kHz frequency ranges are given in the present
disclosure as examples of “low-band”, the frequency boundaries of the low-band
frequency range may obviously be modified/adapted to the bitrate of a codec
and/or to achieve specific goals such as compliance with application-, system-,
network- and design/business-related constraints.

- The term “high-band” is intended to designate a higher frequency range.
Although the 6.4 kHz — 14 kHz and 8 kHz - 16 kHz frequency ranges are given
in the present disclosure as examples of “high-band”, the frequency boundaries
of the high-band frequency range may obviously be modified/adapted to the
bitrate of a codec and/or to achieve specific goals such as compliance with
application-, system-, network- and design/business-related constraints.

BACKGROUND
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[0003] In many conversational applications there are often situations when one
person talks over another person. As mentioned herein above, such situations are often
referred to as “cross-talk”. Cross-talk speech segments may be problematic in modern
speech encoding/decoding systems. Since the ftraditional speech encoding
technologies have been designed and optimized mainly for single-talk content (only one
person talking), the quality of cross-talk speech may be severely impacted by the
encoding/decoding operations. As an example, one of the most serious issues in cross-
talk speech encoding/decoding in the 3GPP EVS codec (Reference [1] or which the full
content is incorporated herein by reference) is the occasional presence of “rattling
noise”. “Rattling noise” is a strong annoying sound produced at frequencies from 8 kHz
to 14 kHz, that is within the high-band frequency range examples as defined herein
above.

[0004] At low bitrates of the 3GPP EVS codec the high-band frequency content
is encoded/decoded using the superwideband bandwidth extension (SWB TBE) tool as
described in Reference [1]. Due to the limited number of bits available for the SWB TBE
tool the high-band excitation signal within the high-band frequency range is not encoded
directly. Instead, the low-band excitation signal within the low-band frequency range is
calculated using an ACELP (Algebraic Code-Excited Lineal Prediction) encoder
(Reference [2] of which the full content is incorporated herein by reference), then
upsampled and extended up to 14 kHz or 16 kHz depending on the high-band frequency
range and used as a replacement for the high-band excitation signal. If there is a
mismatch between the low-band excitation signal and the high-band excitation signal
the synthesized sound may sound differently compared to the original sound. When the
low-band excitation signal is voiced but the high-band excitation signal is unvoiced the
synthesized sound will be perceived as the above defined rattling noise. The problem
of rattling noise in the cross-talk content is illustrated in the spectral plot of Figure 1.

[0005] The plot in Figure 1 shows the power spectrum P versus frequency f of
an exemplary cross-talk sound in which two speakers pronounce sounds of different
types. While the sound from the first speaker (speaker 1) comprises dominantly voiced
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content the sound from the second speaker (speaker 2) contains an unvoiced segment.
Assuming a mono capturing device such as a smartphone or an omnidirectional
microphone the sounds from the two speakers will be mixed together inside the
capturing device. As a result the spectral content of the input sound signal, as seen by
the encoder, will resemble the superset of the two spectra. A similar situation arises in
a multi-channel capturing device such as a stereo microphone or an ambisonic
microphone. If the encoder contains a downmixing module the resulting mono input
signal might contain different types of sounds clearly distinguishable in the spectral

domain.
SUMMARY
[0006] The present disclosure relates to the following aspects:
[0007] - A method for time-domain bandwidth expansion of an excitation signal

during decoding of a cross-talk sound signal, comprising: decoding a high-band mixing
factor received in a bitstream; and mixing a low-band excitation signal and a random
noise excitation signal using the high-band mixing factor to produce the time-domain
bandwidth expanded excitation signal.

[0008] - A method for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: calculating (a) a high-band
residual signal using the sound signal and (b) a temporal envelope of the high-band
residual signal; and calculating a high-band voicing factor based on the temporal
envelope of the high-band residual signal.

[0009] - A method for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: calculating a high-band mixing
factor usable for mixing a low-band excitation signal and a random noise excitation
signal to produce the time-domain bandwidth expanded excitation signal.

[0010] - A method for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: calculating (a) a high-band



WO 2023/147650 PCT/CA2023/050117

residual signal using the sound signal and (b) a temporal envelope of the high-band
residual signal; calculating a high-band voicing factor based on the temporal envelope
of the high-band residual signal; calculating a high-band mixing factor usable for mixing
a low-band excitation signal and a random noise excitation signal to produce the time-
domain bandwidth expanded excitation signal, and estimating gain/shape parameters
using the high-band voicing factor.

[0011] - A device for time-domain bandwidth expansion of an excitation signal
during decoding of a cross-talk sound signal, comprising: a decoder of a high-band
mixing factor received in a bitstream; and a mixer of a low-band excitation signal and a
random noise excitation signal using the high-band mixing factor to produce the time-
domain bandwidth expanded excitation signal.

[0012] - A device for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: a calculator of (a) a high-band
residual signal using the sound signal and (b) a temporal envelope of the high-band
residual signal; and a calculator of a high-band voicing factor based on the temporal
envelope of the high-band residual signal.

[0013] - A device for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: a calculator of a high-band
mixing factor usable for mixing a low-band excitation signal and a random noise
excitation signal to produce the time-domain bandwidth expanded excitation signal.

[0014] - A device for time-domain bandwidth expansion of an excitation signal
during encoding of a cross-talk sound signal, comprising: a calculator of (a) a high-band
residual signal using the sound signal and (b) a temporal envelope of the high-band
residual signal; a calculator of a high-band voicing factor based on the temporal
envelope of the high-band residual signal; a calculator of a high-band mixing factor
usable for mixing a low-band excitation signal and a random noise excitation signal to
produce the time-domain bandwidth expanded excitation signal; and an estimator of
gain/shape parameters using the high-band voicing factor.
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[0015] The foregoing and other objects, advantages and features of the method
and device for time-domain bandwidth expansion of an excitation signal during
encoding/decoding of a cross-talk sound signal will become more apparent upon
reading of the following non-restrictive description of illustrative embodiments thereof,
given by way of example only with reference to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS
[0016] In the appended drawings:

[0017] Figure 1 is a plot showing the power spectrum P (dB) versus frequency f
(kHz) of an exemplary cross-talk sound in which two speakers (speaker 1 and speaker
2) pronounce sounds of different types (VOICED and UNVOICED);

[0018] Figure 2 is a schematic block diagram illustrating concurrently a
calculation/calculator of a high-band voicing factor in the method and the device for
time-domain bandwidth expansion of an excitation signal during encoding of a cross-

talk sound signal;

[0019] Figure 3 is a graph illustrating how a temporal envelope of a high-band
residual signal is determined,

[0020] Figure 4 is a graph showing interpolation of segmental normalization
factors calculated using mean values of consecutive segments of the down-sampled

temporal envelope of the high-band residual signal;

[0021] Figure 5 is a schematic block diagram illustrating concurrently, at the
decoder, a calculation/calculator of a time-domain bandwidth expanded excitation
signal within the method and the device for time-domain bandwidth expansion of an
excitation signal,

[0022] Figure 6 is a schematic block diagram illustrating concurrently, at the

encoder, a calculation/calculator of a high-band mixing factor formed/represented by a
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quantized normalized gain within the method and the device for time-domain bandwidth

expansion of an excitation signal;

[0023] Figure 7 is a schematic block diagram of gain-shape estimation/estimator
within the method and device for time-domain bandwidth expansion of an excitation

signal,
[0024] Figure 8 is a graph illustrating interpolation of subframe gains; and
[0025] Figure 9 is a simplified block diagram of an example configuration of

hardware components forming the method and device for time-domain bandwidth
expansion of an excitation signal during encoding/decoding of a cross-talk sound signal.

DESCRIPTION

[0026] The following description relates to a technique for encoding/decoding
cross-talk sound signals. In the present disclosure, the basis for the encoding/decoding
technique is the SWB TBE tool of the 3GPP EVS codec as described in Reference [1].
However, it should be kept in mind that this technique may be used in conjunction with
other encoding/decoding technologies.

[0027] More specifically, the present disclosure proposes a series of
modifications to the SWB TBE tool. An objective of this series of modifications is to
improve the quality of synthesized cross-talk sound signals, such as cross-talk speech
signals, in particular but not exclusively to eliminate the above defined rattling noise.
The series of modifications is concerned with time-domain bandwidth expansion of an
excitation signal and is distributed in one or more of the following three areas:

- In the encoder, calculation of a high-band voicing factor using a temporal
envelope of a high-band residual signal. In the SWB TBE tool, high-band
corresponds to SHB (Super Higher-Band).

- In the encoder and decoder, calculation of a high-band mixing factor for a high-
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band excitation signal.

- In the encoder and decoder, improvements in the estimation of gain/shape

parameters and frame gain.

[0028] Calculation of the high-band voicing factor in accordance with the present
disclosure uses a high-band autocorrelation function itself calculated from the temporal
envelope of the high-band residual signal for example in the down-sampled domain.
The high-band voicing factor is used in the encoder to replace the so-called voice
factors derived from the low-band voicing parameter in the SWB TBE tool.

[0029] Calculation of the high-band mixing factor in accordance with the present
disclosure replaces the corresponding method in the SWB TBE tool. The high-band
mixing factor determines a proportion of a low-band excitation signal (for example from
an ACELP core) and a random noise (which may also be defined as “white noise”)
excitation signal for producing the time-domain bandwidth expanded excitation signal.
In the disclosed implementation, the high-band mixing factor is calculated by means of
MSE (Mean Squared Error) minimization between the temporal envelope of the random
noise excitation signal and the temporal envelope of the low-band excitation signal, for
example in the down-sampled domain. Quantization of the high-band mixing factor may
be performed by the existing quantizer of the SWB TBE tool. The addition of the
quantized high-band mixing factor to the SWB TBE bitstream results in a small increase
of the bitrate. The mixing operation is performed both at the encoder and the decoder.
Other properties of the mixing operation may comprise a re-scaling of the random noise
excitation signal at the beginning of each frame and an interpolation of the high-band
mixing factor to ensure smooth transitions between the current frame and the previous
frame.

[0030] Estimation of the gain/shape parameters in accordance with the present
disclosure comprises post-processing of the gain/shape parameters using adaptive
smoothing of the unquantized gain/shape parameters (in the encoder) by means of
weighting between original gain/shape parameters and interpolated gain/shape
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parameters. Quantization of the gain/shape parameters may be performed by the
existing quantizer of the SWB TBE tool. The adaptive smoothing is applied twice; it is
first applied to the unquantized gain/shape parameters (in the encoder), and then to the
quantized gain/shape parameters (both in the encoder and decoder). An adaptive
attenuation is applied to the unquantized frame gain at the encoder. The adaptive
attenuation is based on an MSE excess error which is a by-product of the SHB voicing

parameter calculation in the SWB TBE tool.

[0031] Figure 2 is a schematic block diagram illustrating concurrently a
calculation/calculator of a high-band voicing factor within the method 200 and the device
250 for time-domain bandwidth expansion of an excitation signal during encoding of a

cross-talk sound signal.
1. Low-band Excitation Signal

[0032] Referring to Figure 2, the input sound signal sinp(n) to the 3GPP EVS

codec is denoted, for example using the following relation (1):

(n), n=0,.,N,, -1 (1

Sinp

[0033] where N,,, is the number of samples in the frame (frame length). In this

particular non-limitative example, the input sound signal s;,,(#) is sampled at the rate
of /2 =32kHz and the length of a single frame is N,,, =640 samples. This corresponds

to a time interval of 20 ms. Frames of given duration, each including a given number of
sub-frames and including a given number of successive sound signal samples, are used
for processing sound signals in the field of sound signal encoding; further information
about such frames can be found, for example, in Reference [1].

[0034] The method 200 comprises a downsampling operation 201 and the
device 250 comprises a downsampler 251 for conducting operation 201. The
downsampler 251 downsamples the input sound signal Sinp(n) from 32 kHz to 12.8 kHz
or 16kHz depending on the bitrate of the encoder. For example, the input sound signal

8
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in the 3GPP EVS codec is downsampled to 12.8 kHz for all bitrates up to 24.4 kbps and
to 16 kHz otherwise. The resulting signal is a low-band signal 202. The low-band signal
202 is encoded in an ACELP encoding operation 203 using an ACELP encoder 253.

[0035] The method 200 comprises the ACELP encoding operation 203 while the
device 250 comprises the ACELP encoder 253 of the 3GPP EVS codec to perform the
ACELP encoding. The ACELP encoder 253 generates two types of excitation signals,
an adaptive codebook excitation signal 204 and a fixed codebook excitation signal 205

as described in Reference [1].

[0036] In the method 200 and device 250, the SWB TBE tool within the 3GPP
EVS codec performs a low-band excitation signal generating operation 207 and
comprises a corresponding generator 257 for generating the low-band excitation signal
208. The generator 257 uses the two excitation signals 204 and 205 as an input, mixes
them together and applies a non-linear transformation to produce a mixed signal with
flipped spectrum which is further processed in the SWB TBE tool to result into the low-
band excitation signal 208 of Figure 2. Details about low-band excitation signal
generation can be found in Reference [1]; specifically Section 5.2.6.1 describes SWB
TBE encoding and Section 6.1.3.1 describes SWB TBE decoding.

[0037] As a non-limitative example, the low-band excitation signal 208 with
flipped spectrum is sampled at 16 kHz and denoted using the following relation (2):

[,,(n), n=0,,N-1 (2)
[0038] where N =320 is the frame length.

2. High-Band Target Signal

[0039] Referring to Figure 2, a high-band target signal 210 is essentially an

extract of the input sound signal s, (n) containing spectral components in the

frequency range of 6.4 kHz to 14 kHz or 8 kHz to 16 kHz depending on the bitrate of
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the codec. The high-band target signal 210 is always sampled at 16 kHz regardless of
the bitrate of the codec and its spectral content is flipped. Therefore, the first frequency
bin of the high-band target spectrum corresponds to the last frequency bin of the
spectrum and vice-versa. In the method 200 and device 250, the high-band target signal
210 may be generated for example using a QMF (Quadrature Mirror Filter) analysis
operation 209 performed by the QMF analysis filter bank 259 of the 3GPP EVS codec
as described in Reference [1]. Alternatively, the high-band target signal 210 may be

generated by filtering the input sound signal s;,,(77) with @ pass-band filter, shifting it in

frequency domain, flipping its spectral content as described above and finally
downsampling it from 32 kHz to 16 kHz. In the present disclosure, the use of QMF
processing will be assumed and the high-band target signal 210 is denoted, for example
using the following relation (3):

$,x(n), n=0,.,N-1 (3)

[0040] Following processing in the QMF filter bank 259, the method 200
comprises an operation 211 of estimating high-band filter coefficients 212 and the
device 250 comprises an estimator 261 to perform operation 211. The estimator 261
estimates the high-band LP (Linear Prediction) filter coefficients 212 from the high-band
target signal 210 in four consecutive subframes by frame where each subframe has the
length of 80 samples. The estimator 261 calculates the high-band LP filter coefficients
212 using the Levinson-Durbin algorithm as described in Reference [1]. The high-band
LP filter coefficients 212 may be denoted using the following relation (4):

aj—[B(k)> k=0>>P>]=O>>3 (4)

[0041] where P = 10 is the order of the high-band LP filter and j=0,...,3 is the

subframe index. The first LP filter coefficient in each subframe is unitary, i.e. a]’.’B(O)zl

[0042] The method 200 comprises an operation 213 of generating a high-band

10
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residual signal 214 and the device 250 comprises a generator 263 of the high-band
residual signal to conduct operation 213. The generator 263 produces the high-band
residual signal 214 by filtering the high-band target signal 210 from the QMF analysis
filter bank 259 with the high-band LP filter (LP filter coefficients 212) from estimator 261.
The high-band residual signal 214 may be expressed, for example, using the following
relation (5):

P
B (n+ j-80) =5, (n+ j-80)= > al (k)s,,(n+ j-80-k) j=0,..3,n=0,.,80-1 (5)
k=1

[0043] The first P samples of the high-band residual signal 214 are calculated
using the high-band target signal 210 from the previous frame. This is indicated by the

negative index in s,,(—k),k =1,..., P in the summation term. The negative indices refer

to the samples of the high-band target signal 214 at the end of the previous frame.

3. High-Band Autocorrelation Function and Voicing Factor

[0044] Section 3 (High-Band Autocorrelation Function) relates to features of the
encoder.

[0045] The high-band residual signal 214 calculated by the generator 263 using

relation 5 is used to calculate a high-band autocorrelation function and a high-band
voicing factor. The high-band autocorrelation function is not calculated directly on the
high-band residual signal 214. Direct calculation of the high-band autocorrelation
function requires significant computational resources. Furthermore, the dynamics of the
high-band residual signal 214 are generally low and the spectral flipping process often
leads to smearing the differences between voiced and unvoiced sound signals. To avoid
these problems the high-band autocorrelation function is estimated on the temporal
envelope of the high-band residual signal 214 for example in the downsampled domain.

[0046] The method 200 comprises an operation 215 of calculating the temporal
envelope of the high band residual signal 214 and the device 250 comprises a calculator

11
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265 to perform operation 215. To calculate the temporal envelope R:p(n) 216 of the
high-band residual signal 214, the calculator 265 processes the high-band residual
signal 214 through a sliding moving-average (MA) filter comprising in the example
implementation M = 20 taps. The temporal envelope calculation can be expressed, for
example by the following relation (6):

1 M/2-1

RymM=— 3 |nz(n+k), n=0_,N-M-I (6)
Mk:—M/Z
[0047] where the negative samples r,, (k), k=—M/2,...,—1 refer to the values

of the high-band residual signal 214 in the previous frame. In mode switching scenarios
it may happen that the high-band residual signal 214 in the previous frame is not

calculated and the values are unknown. In that case the first A7/2values
ry(k), k=0, . . M/2-1 are replicated and used as a replacement for the values
r(k), k=-M/2,..,—1 of the previous frame. The calculator 265 approximates the last

M values of the temporal envelope R,,(n) 216 in the current frame by means of IIR

(Infinite Impulse Response) filtering. This can be done using the following relation (7):

R, (n)=005-1,(n)+095-R (n-1), n=N-M,..,N-1 (7)
[0048] The operation 215 of calculating the temporal envelope K, (n) 216 of
the high-band residual signal 214 is illustrated in Figure 3.

[0049] The method 200 comprises a temporal envelope downsampling
operation 217 and the device 250 comprises a downsampler 267 for conducting

operation 217. The downsampler 267 downsamples the temporal envelope R, (1) 216

by a factor of 4 using, for example, the following relation (8):

R, (n)=R,(4n), n=0,.,N/4-1 (8)

12
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[0050] The method 200 comprises a mean value calculating operation 219 and
the device 250 comprises a calculator 269 for conducting operation 219. The calculator

269 divides the down-sampled temporal envelope R4kHZ(n) 218 into four consecutive
segments and calculates the mean value 220 of the down-sampled temporal envelope

Ryiz1(n) 218 in each segment using, for example, the following relation (9):

- 1 N&E! N

Ro=~r > Ry Ceeotm), k=0,...3 9)
[0051] where k is the index of the segment.
[0052] The calculator 269 limits all the mean values to a maximum value of 1.0.
[0053] The method 200 comprises a normalization factor calculating operation

221 and the device 250 comprises a calculator 271 for conducting operation 221. The
calculator 271 uses the down-sampled temporal envelope mean values 220 to

calculate, for the respective segments k, segmental normalization factors using, for

example, the following relation (10):

N =—= k=0,.3 (10)

1
X
[0054] The calculators 271 then linearly interpolates the segmental
normalization factors from relation (10) within the entire interval of the current frame to
produce interpolated normalization factors 222 using, for example, the following relation

(11):

N/32
N N M — T
— 4k —+n)= +n-M, k:O,,..,2,n:O,...,N/l6—l 11
y(32 16 )= N/16 )
y(n)=n;, n=7TN/32,.,N/4-1

13
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[0055] This interpolation process performed by operation 221 and calculator 271
is illustrated in Figure 4.

[0056] In relation (11), the term n_, refers to the last segmental normalization

factor in the previous frame. Therefore, 1 , is updated with 7, after the interpolation

process in each frame.

[0057] The method 200 comprises a downsampled temporal envelope
normalizing operation 223 and the device 250 comprises a normalizer 273 for
conducting operation 223. The normalizer 273 processes the down-sampled temporal

envelope R4kHZ(n) 218 from the downsampler 267 with the interpolated normalization

factors y(n) 222 using, for example, the following relation (12):
R (m)=R,.(n)-y(n), n=0,.,N/4-1 (12)

[0058] The normalizer 273 then subtracts the global mean value R, (relation

(13)) of the normalized envelope from the value R (n) of relation (12) to complete the

downsampled temporal envelope normalization process (Ryom(7) 224 of Figure 2) in

operation 223. This can be expressed by relation (13):

_ IS
R=——Y R(n
" N/AE T (13)

Rn(M)=R (n)-R, n=0,.,N/4-1

[0059] It is useful to estimate the tilt of the temporal envelope of the high-band
residual signal. For that purpose, the method 200 comprises a temporal envelope tilt
estimation operation 225 and the device 250 comprises an estimator 275 for conducting
operation 225. The temporal envelope tilt estimation can be done by fitting a linear curve
to the segmental mean values R, calculated in relation (9) with the linear least squares
(LLS) method. The tilt 226 of the temporal envelope is then the slope of the linear curve.
The linear curve calculated with the LLS method is defined as:

14
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Wl=a-k+b, k=0,.3 (14)

[0060] According to the LLS method, the objective is to minimize the sum of

squared differences between R, and y!***! for all £=0,...,3. This can be expressed

using the following relation (15):

(Apssobyis) = m;n{i( )2} (15)

[0061] The optimal slope a,,, (tilt 226) can be calculated by the estimator 275

using relation (16):

IS, 5 35
=0 =0 ——Nk-R-—>R 16
" 4-14-6-6 5; ‘ 10; ‘ (19)
[0062] The method 200 comprises a high-band autocorrelation function

calculating operation 227 and the device 250 comprises a calculator 277 for conducting
operation 227. The calculator 277 calculates the high-band autocorrelation function

X.orr 228 based on the normalized temporal envelope using, for example, relation (17):

l N/4-1
X_, (k—40)= R_(mR__(n—k) k=40,.,80-1 17
corr( ) max (Eij;,l]) ; norm( ) norm( ) ( )
[0063] where E, is the energy of the normalized temporal envelope Ruorm(n)

224 in the current frame and E}’” is the energy of the normalized temporal envelope

Ruorm(n) 224 in the previous frame. The calculator 277 may use the following relation

(18) to calculate the energy:

N/4-1

=Y (R, (M) +1.0 (18)

n=0
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[0064] In case of mode switching the factor in front of the summation term in

relation (17) is set to l/Ef because the energy of the normalized temporal envelope

anm(n) 224 in the previous frame is unknown.

[0065] The method 200 comprises a high-band voicing factor calculating
operation 229 and the device 250 comprises a calculator 279 for conducting operation
229.

[0066] The voicing of the high-band residual signal is closely related to the

variance o, of the high-band autocorrelation function X, 228. The calculator 279

calculates the variance o, using, for example, the following relation (19):

1 40-1
G == 2 (X, (K)) (19)
4015
[0067] To improve the discriminative potential (VOICED/UNVOICED decision)

of the voicing parameter v, the calculator 279 multiplies the variance o, with the

maximum value of the high-band autocorrelation function X.,,, 228 as expressed in the

following relation (20):

vmull = Gcorr : mka'X(Xcorr (k)) (20)
[0068] The calculator 279 then transforms the voicing parameter v,,,;; from
relation (20) with the sigmoid function to limit its dynamic range and obtain a high-band

voicing factor vy 230 using, for example, the following relation (21):

2.0
V.. = -1.0 21
e 1.0+exp(—ﬂ-vmuh) 1)
[0069] where the factor g is estimated experimentally and set, for example, to

a constant value of 25.0. The high-band voicing factor v,, 230 as calculated from
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relation (21) above is then limited to the range of (0.0;1.0> and transmitted to the

decoder
4. Excitation Mixing Factor
[0070] Figure 5 is a schematic block diagram illustrating concurrently, at the

decoder, a calculation/calculator of a time-domain bandwidth expanded excitation
signal within the method 200 and the device 250.

[0071] Section 4 (Excitation Mixing Factor) relates to features of both the
encoder and decoder.

[0072] The SWB TBE tool in the 3GPP EVS codec uses the low-band excitation
signal 208 (Figure 2) described in Section 1 (Low-Band Excitation Signal) to predict the
high-band residual signal 214 (Figure 2) described in Section 2 (High-Band Target
Signal). At lower bitrates of the EVS codec, below 24.4 kbps, the SWB TBE tool uses
19 bits to encode the spectral envelope and the energy of the predicted high-band
residual signal. With a frame length of 20 ms this results in a bitrate of 0.95 kbps. At
bitrates higher than 24.4 kbps the SWB TBE tool uses 32 bits to encode the spectral
envelope and the energy of the predicted high-band residual signal. With a frame length
of 20 ms this results in a bitrate of 1.6 kbps. At both bitrates (0.95 and 1.6 kbps) of the
SWB TBE tool no bits are used to encode the high-band residual signal 214 or the high-
band target signal 210.

[0073] Referring to Figure 5, the method 200 comprises a pseudo-random noise
generating operation 501 and the device 250 comprises a pseudo-random noise
generator 551 to perform operation 501.

[0074] The pseudo-random noise generator 551 produces a random noise
excitation signal 502 with uniform distribution. For example, the generator of pseudo-
random numbers of the 3GPP EVS codec as described in Reference [1] can be used

as pseudo-random noise generator 551. The random noise excitation signal w,4,qs 502
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can be expressed using the following relation (22):

Ww,,..(n) eU[-32767,32768], n=0,..,N-1 (22)

[0075] The random noise excitation signal w,,s 502 has zero mean and a non-

zero variance o, , =1.14e+11. It should be noted that the variance is only approximate

rand

and represents an average value over 100 frames.

[0076] The method 200 comprises an operation 503 of calculating the power of
the low-band excitation signal /;3(n) 208 and a power calculator 553 to perform
operation 503.

[0077] The power calculator 503 calculates that power 504 of the low-band
excitation signal /;z(n) 208 transmitted from the encoder using, for example, the
following relation (23):

N-1
E= (LaM) (23)
n=0
[0078] The method 200 comprises an operation 505 of normalizing the power of

the random noise excitation signal 502 and a power normalizer 555 to perform operation
505.

[0079] The power normalizer 555 normalizes the power of the random noise
excitation signal 502 to the power 504 of the low-band excitation signal 208 using, for
example, the following relation (24):

w,,.. (1) = Lis w,_ (1), n=0,.,N-1 (24)

rand

[0080] Although the true variance of the random noise excitation signal 502
varies from frame to frame, the exact value is not needed for power normalization.
Instead, the above defined approximate value of the variance is used in the above
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relation (24) to save computational resources.

[0081] The method 200 comprises an operation 507 of mixing the low-band
excitation signal /;5(n) 208 with the power normalized random noise excitation signal
wyhie(n) 506 and a mixer 557 to perform operation 507.

[0082] The mixer 557 produces the time-domain bandwidth expanded excitation

signal 508 by mixing the low-band excitation signal /,(n) 208 with the power

normalized random noise excitation signal w

white

(n) 506 using a high-band mixing factor

to be described later in the present disclosure.

[0083] Figure 6 is a schematic block diagram illustrating concurrently, at the
encoder, a calculation/calculator of a high-band mixing factor formed/represented by a
quantized normalized gain within the method and the device for time-domain bandwidth
expansion of an excitation signal.

[0084] Referring to Figure 6, at the encoder,

- the method 200 comprises an operation 602 of calculating the temporal

envelope of the power-normalized random noise excitation signal w_, . (n) 5086,

white
an operation 604 of calculating the temporal envelope of the low-band excitation
signal /;5(n) 208, and a mean squared error (MSE) minimizing operation 601,
and a gain quantizing operation 607; and

- the device 250 comprises a temporal envelope calculator 652 to perform
operation 602, a temporal envelope calculator 654 to perform operation 604, an
MSE minimizer 651 to perform operation 601, and a gain quantizer 657 to
perform operation 607.

[0085] As illustrated in Figure 6, to save computational resources, optimal gains

g/,g, are calculated based on the temporal envelopes of the signals in the

downsampled domain using a mean squared error (MSE) minimization process.
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Another advantage of this approach is higher robustness against background noise.

[0086] The calculator 652 calculates the downsampled temporal envelope

Waai-(n) 606 of the power-normalized random noise excitation signal w_, (n) 506

white
(which is also calculated at the encoder as shown in Figure 5 and corresponding
description) using the same algorithm as described in Section 3 (High-Band
Autocorrelation Function and Voicing Factor) upon calculating (operation 215 and
calculator 265 of Figure 2) the temporal envelope of the high-band residual signal 214
and downsampling (operation 217 and downsampler 267 of Figure 2) the temporal
envelope. The downsampling factor being used is, for example, 4. The downsampled
temporal envelope of the power-normalized random noise excitation signal can be
denoted using the following relation (25):

W,,.(n), n=0, . N/4—1 (25)

[0087] Similarly, the calculator 654 calculates temporal envelope Ly-(n) 605 of
the low-band excitation signal /;3(n) 208 downsampled at 4 kHz again using the same
algorithm as described in Section 3 (High-Band Autocorrelation Function and Voicing
Factor). The downsampled temporal envelope 606 of the low-band excitation signal
I13(n) 208 can be denoted as follows:

Ly (n), n=0,.,N/4-1 (26)

[0088] The objective of the MSE minimization operation 601 is to find an optimal

pair of gains g;,g. minimizing the energy of the error between (a) the combined

temporal envelope (Lsu-(n), Wau-(n)) and (b) the temporal envelope Ryu-(n) of the high-
band residual signal ruz(n) 214. This can be mathematically expressed using relation
(27):

81-8w

{ 2 (R4kHz & Ly ()= g, W, (n))z} (27)

n=0

20



WO 2023/147650 PCT/CA2023/050117

[0089] For that purpose, the MSE minimizer 651 solves a system of linear
equations. The solution is found in the scientific literature. For example, the optimal pair

of gains g/, g can be calculated using relation (28):

D=40-¢,-¢c,—c¢,-c,

« ¢, —20:¢ ¢

& = D (28)
.« €¢,—20-¢, ¢
Ew D
[0090] where the values ¢,,...,c,, and cs are given by

N/4-1

N/4-1 N/4-1
G = Z (L4kHz (n))2: ¢ =-2.0 Z Ly, (n)- Ry (), €, = Z (W4kHz (n))2
n=0 n=0

n=0

N/4-1 N/4-1 N/4-1 5 (29)
¢ =-20 Z Ry M)W, (n), ¢, =2.0 Z Ly () Wy, (n), €5 = Z (R4kHz (n))
n=0 n=0 n=0
[0091] The MSE minimizer 651 then calculates the minimum MSE error energy
(excess error) using, for example, the following relation (30):
Eerr:(gl) co+glcl+(gw) €, T80 18 8,6, 16 (30)
[0092] For further processing, the gain quantizer 657 scales the optimal gains

g/, g, insuch a way that a gain g;, associated with the temporal envelope Lu-(n) 605
of the low-band excitation signal /;5(n) becomes unitary, with a gain g..» associated with
the temporal envelope Wau-(n) 606 of the power-normalized random noise excitation

signal w

white

(n) 506 given using, for example the following relation (31):

g 1)
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[0093] The result/advantage of the re-scaling of relation (31) is that only one
parameter, the normalized gain g, , needs to be coded and transmitted in the bitstream
from the encoder to the decoder instead of two parameters. Therefore, scaling of the
gains using relation (31) reduces bit consumption and simplifies the quantization
process. On the other hand, the energy of the combined temporal envelopes (L4z-(n)
and Was-(n)) will not match the energy of the temporal envelope Rys-(n) of the high-
band residual signal 214. This is not a problem since the SWB TBE tool uses subframe
gains and a global gain containing the information about energy of the high-band
residual signal. The calculation of subframe gains and the global gain is described in

Section 6 (Gain/Shape Estimation) of the present disclosure.

[0094] The gain quantizer 657 limits the normalized gain g, between a

maximum threshold of 1.0 and a minimum threshold of 0.0. The gain quantizer 657

quantizes the normalized gain g, using, for example, a 3-bit uniform scalar quantizer

described by the following relation (32):

g

ide, =| &m 405 (32)
1/7

[0095] and the resulting index idx, 610 is limited to the interval (0,7) to
form/represent the high-band mixing factor and is transmitted in the SWB TBE bitstream

together with the existing indices of the SWB TBE encoder at 0.95 kbps or 1.6 kbps.

[0096] Referring back to Figure 5, the method 200 comprises, at the decoder, a
mixing factor decoding operation 509, and the device 250 comprises a mixing factor
decoder 559 to perform operation 509.

[0097] The mixing factor decoder 559 produces from the received index idx,

610 a decoded gain using, for example, the following relation (33):
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p idkx, 33
mix 7 ( )
[0098] The decoded gain from relation (33) forms the high-band mixing factor
[0099] The low-band excitation signal /,,(n) 208, sampled for example at 16

kHz, and the normalized random noise excitation signal w_,.(n) 506, sampled for

white

example at 16 kHz, are mixed together in the mixer 557. However, both the energy of

the low-band excitation signal /,,(n) 208 and the energy of the random noise excitation
signal w,q,q 502 vary from frame to frame. The fluctuation of energy could eventually
generate audible artifacts at frame borders if the low-band excitation signal /,,(n) 208
and the random noise excitation signal w,,,,; 502 were mixed directly using the high-
band mixing factor f,,; 510 obtained from relation (33). To ensure smooth transitions

the energy of the random noise excitation signal w,,,q 502 is linearly interpolated in
generator 551 between the previous frame and the current frame. This can be done by
scaling the random noise excitation signal w,,,4 502 in the first half of the current frame

with the following interpolation factor:

oo B
e NE
g, ()=, = +n L5 p=0,.,N/2-1 (34)
oy N/2
[00100] where [ is the energy of the low-band excitation signal /,,(n) 208 in

the current frame and L is the energy of the low-band excitation signal /, (1) 208 in

the previous frame.

[00101] To further smooth the transitions between the previous and the current

frame the decoder 559 also linearly interpolates the high-band mixing factor £, 510.
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This can be done by introducing the scaling factor g

mix

(n) calculated, for example, using
the following relation:

-1
. fmix _fn[n'x]

(M= Y4n
ﬂmlx( ) fmlx N/2

n=0, . N/2-1 (35)

2

[00102] where 71! is the value of the high-band mixing factor in the previous
frame. Note that the interpolation factor £ (n) calculated in relation (34) and the scaling

factor g (n) calculated in relation (35) are defined for n=0,... ., N/2-1.

mix

[00103] The mixing of the low-band excitation signal /,,(n) 208 and the random

noise excitation signal w

white

(n) 506 is finally done by the mixer 557 using, for example,

relation (36) to obtain a time-domain bandwidth expanded excitation signal u(#) 508.

u(n) = B, ()£, (1)1 (M) + (1= B,,..(m)-w,,,, (7)), n=0,  N/2-1
u(n):fmz‘x'(n)'lLB(n)+(l_fmix)'wwhize(n)a I/I:N/Z,...jN—l

5. High-band synthesis (LP synthesis)

[00104] The high-band LP filter coefficients a]-HB(n) 212 calculated by means of

the LP analysis on the high-band input signal syp(#) in relation (4) are converted in the
encoder of the SWB TBE tool into LSF parameters and quantized. At the bitrate of 0.95
kbps the SWB TBE encoder uses 8 bits to quantize the LSF indices. At the bitrate of
1.6 kbps the SWB TBE encoder uses 21 bits to quantize the LSF indices.

[00105] Referring back to Figure 5, at the decoder:

- The method 200 comprises a decoding operation 511 and the device 250
comprises a corresponding decoder 561 to decode the quantized LSF indices;
and
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- The method 200 comprises a conversion operation 513 and the device 250
comprises a corresponding converter 563 to convert the decoded LSF indices
512 into high-band LP filter coefficients 514.

[00106] The decoded high-band LP filter coefficients 512 can be denoted as:

a,’(k), k=0,..,P,j=0,.,3 (37)

PRRED) 5

[00107] where P =10 is the order of the LP filter. The first decoded LP filter

coefficient in each subframe is unitary, i.e. a; (0)=1.0,;=0,...,3.

[00108] The method 200 comprises a filtering operation 515 and the device 250
comprises a corresponding synthesis filter 565 using the decoded high-band LP filter
coefficients 514 to filter the mixed time-domain bandwidth expanded excitation signal
508 of relation (36) using for example the following relation (38) to obtain a LP-filtered

high-band signal yy5 516:
P
Ve (n+ j-80) =u(n+ j-80)= > al’ (k)y,,(n+ j-80—k) j=0,.,3,n=0,.,80—1 (38)
k=1

6. Gain/Shape Estimation (Figure 7)

[00109] A gain/shape parameter smoothing is applied both at the encoder and at
the decoder. The adaptive attenuation of the frame gain is applied at the encoder only.

[00110] The spectral shape of the high-band target signal syp(n1) 210 is encoded

with the quantized LSF coefficients. Referring to Figure 7, the SWB TBE tool also
comprises an estimation operation 701/estimator 751 for estimating temporal subframe

gains 702 of the high-band target signal szp(11) 210 as described in Reference [1]. The

estimator 751 normalizes the estimated temporal subframe gains to unit energy.

[00111] The normalized estimated temporal subframe gains 702 from estimator
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751 can be denoted using relation (39):
g, k=0,...3 (39)

[00112] The method 200 comprises a calculating operation 703 and the device
250 comprise a corresponding calculator 753 for determining a temporal tilt 704 of the

normalized estimated temporal subframe gains g; 702 by means of linear least squares

(LLS) interpolation. As illustrated in Figure 8, this interpolation process can be done by
fitting a linear curve 801 to the true subframe gains 702 in four consecutive subframes
(subframes 0-3 in Figure 8) and calculating its slope.

[00113] The linear curve 801 built with the LLS interpolation method can be
defined using the following relation (40):

[LLS] _

gt =¢, k+d,,, k=0,.,3 (40)

[00114] where the parameters ¢, and d,,, are found by minimizing the sum of
squared differences between the true subframe gains g, 702 and the corresponding

points on the linear curve for all £ =0,...,3 subframes. This can be expressed using the

following relation (41):

< 2
(Crsodys) = 1’1;1)1;’1 |:Z(gk _gi[cLLS]) :| (41)

k=0

[00115] By expanding relation (41) it is possible to express the temporal tilt gy, of
the estimated temporal subframe gains g; 702. The temporal tilt g,;; 702is, in fact, equal
to the optimal slope ¢,,; of the linear curve. The temporal tilt g,;; can be calculated in

the calculator 753 using the following relation (42):
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3 3
4Zkgk_6zgk 1 3 3 3
=c — k=0 k=0 —— k _ - 42
& = CrLs 4.14-6-6 SkZ:(; 8 lO;gk (42)
[00116] The method 200 comprises a smoothing operation 705 and the device

250 comprises a corresponding smoother 755 for smoothing the temporal subframe
[LLS]

gains g 702 with the interpolated (LLS) gains g; from relation (40) when, for

example, the following condition is true:

v, <04 ANDiidx, =5 AND|g,,| < 0.2 (43)

[00117] The smoothing of the temporal subframe gains g 702 is then done by

the smoother 755 using, for example, the following relation (44):

g =(1-x)g +x-g™, k=03 (44)

[00118] where the weight « is proportional to the voicing parameter vy 230

(Figure 2) given by relation (21). For example, the weight « may be calculated using

the following relation (45):
O—(VHB —04) (45)

[00119] and limited to a maximum value of 1.0 and a minimum value of 0.0.

[00120] The method 200 comprises a gain-shape quantizing operation 707 and
the device 250 comprises a corresponding gain-shape quantizer 757 for quantizing the
smoothed temporal subframe gains g, 706. For that purpose, the gain-shape quantizer
of the encoder of the SWB TBE tool as described in Reference [1] using, for example 5
bits, can be used as the quantizer 757. The quantized temporal subframe gains g, 708
from the quantizer 757 can be denoted using the following relation (46):
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g, k=0,..3 (46)
[00121] The method 200 comprises an interpolation operation 709 and the device

250 comprises a corresponding interpolator 759 for interpolating, after the quantization
operation 707, the quantized temporal subframe gains g, 708 again using the same
LLS interpolation procedure as described in relations (40) and (41). The interpolated
quantized subframe gains 710 in the four consecutive subframes in a frame can be
denoted using the following relation (47):

a4l k=0,..3 (47)
[00122] The method 200 comprises a tilt calculation operation 711 and the device

250 comprises a corresponding tilt calculator 761 for calculating the tilt of the
interpolated quantized temporal subframe gains g, '““! 710 using, for example, relation
(42). The tilt of the interpolated quantized temporal subframe gains g, “*! 710 can be

denoted as g,;;, [“*.

[00123] The quantized temporal subframe gains g, 708 are then smoothed when
the condition of the following condition (48) is true, where idx, is the index from relation

(32):

idx, > 6 AND

i <0.12 (48)

[00124] For that purpose, the method 200 comprises a quantized gains
smoothing operation 713 and the device 250 comprises a corresponding smoother 714
for smoothing the quantized temporal subframe gains g, 708 by means of averaging
using, for example, the interpolated temporal subframe gains g, '“**! 710 from relation

(47). For that purpose, the following relation (49) can be used:

g,=07-2,+03-g"" k=0,.,3 (49)

2
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[00125] The method 200 comprises a frame gain estimating operation 715 and
the device 250 comprises a corresponding frame gain estimator 765. The SWB TBE
tool uses the frame gain to control the global energy of the synthesized high-band sound
signal. The frame gain is estimated by means of energy-matching between (a) the LP-

filtered high-band signal yyg 516 of relation (38) multiplied by the smoothed quantized
temporal subframe gains g, 714 from relation (49) and (b) the high-band target signal
sup(n) 210 of relation (3). The LP-filtered high-band signal yz;5 516 of relation (38) is

multiplied by the smoothed quantized temporal subframe gains g, 714 using, for

example, the following relation (50):
Vypy(n+k-80)=g, -y,,(n+k-80), k=0,..,3,1n=0,.,80-1 (50)

[00126] The details of the frame gain estimation operation 715 are described in

Reference [1]. The estimated frame gain parameter is denoted as g, (see 716).

[00127] The method 200 comprises an operation 717 of calculating a synthesis
high-band signal 718 and the device 250 comprises a calculator 767 for performing the

operation 717. The calculator 767 may modify the estimated frame gain g, 717 under
some specific conditions. For example, the frame gain g, can be attenuated according

to relation (51) under given values of high-band voicing factor vgg 230 (Figure 2) and

MSE excess error energy £, as shown in relation (51):
&< Ju & vy >01ANDE, >50 (51)

[00128] where £ isthe MSE excess error energy calculated in relation (30) and

/.., is an attenuation factor for example calculated as:

fo =1.0-0.04(E,, —5.0) (52)
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[00129] Further modifications to the frame gain g, under some specific

conditions are described in Reference [1].

[00130] The calculator 767 then quantizes the modified frame gain using the
frame gain quantizer of the encoder of the SWB TBE tool of Reference [1].

[00131] Finally, the calculator 767 determines the synthesized high-band sound
signal 718 using, for example, the following relation (53):

§HB(n)=gf-)7HB(n), n=0,.,N-1 (53)
7. Example Configuration of Hardware Components
[00132] Figure 9 is a simplified block diagram of an example configuration of

hardware components forming the above-described method 200 and device 250 for
time-domain bandwidth extension of an excitation signal during encoding/decoding of a
cross-talk signal (herein after “method 200 and device 250).

[00133] The method 200 and device 250 may be implemented as a part of a
mobile terminal, as a part of a portable media player, or in any similar device. The device
250 (identified as 900 in Figure 9) comprises an input 902, an output 904, a processor
906 and a memory 908.

[00134] The input 902 is configured to receive the input signal. The output 904 is
configured to supply the time-domain bandwidth expanded excitation signal. The input
902 and the output 904 may be implemented in a common module, for example a serial

input/output device.

[00135] The processor 906 is operatively connected to the input 902, to the output
904, and to the memory 908. The processor 906 is realized as one or more processors
for executing code instructions in support of the functions of the various operations and
elements of the above described method 200 and device 250 as shown in the
accompanying figures and/or as described in the present disclosure.

30



WO 2023/147650 PCT/CA2023/050117

[00136] The memory 908 may comprise a non-transient memory for storing code
instructions executable by the processor 906, specifically, a processor-readable
memory comprising/storing non-transitory instructions that, when executed, cause a
processor to implement the operations and elements of the method 200 and device 250.
The memory 908 may also comprise a random access memory or buffer(s) to store
intermediate processing data from the various functions performed by the processor
908.

[00137] Those of ordinary skill in the art will realize that the description of the
method 200 and device 250 are illustrative only and are not intended to be in any way
limiting. Other embodiments will readily suggest themselves to such persons with
ordinary skill in the art having the benefit of the present disclosure. Furthermore, the
disclosed method 200 and device 250 may be customized to offer valuable solutions to
existing needs and problems of encoding and decoding sound.

[00138] In the interest of clarity, not all of the routine features of the
implementations of the method 200 and device 250 are shown and described. It will, of
course, be appreciated that in the development of any such actual implementation of
the method 200 and device 250, numerous implementation-specific decisions may need
to be made in order to achieve the developer’s specific goals, such as compliance with
application-, system-, network- and business-related constraints, and that these specific
goals will vary from one implementation to another and from one developer to another.
Moreover, it will be appreciated that a development effort might be complex and time-
consuming, but would nevertheless be a routine undertaking of engineering for those of
ordinary skill in the field of sound processing having the benefit of the present
disclosure.

[00139] In accordance with the present disclosure, the elements, processing
operations, and/or data structures described herein may be implemented using various
types of operating systems, computing platforms, network devices, computer programs,
and/or general purpose machines. In addition, those of ordinary skill in the art will
recognize that devices of a less general purpose nature, such as hardwired devices,
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field programmable gate arrays (FPGASs), application specific integrated circuits
(ASICs), or the like, may also be used. Where a method comprising a series of
operations and sub-operations is implemented by a processor, computer or a machine
and those operations and sub-operations may be stored as a series of non-transitory
code instructions readable by the processor, computer or machine, they may be stored
on a tangible and/or non-transient medium.

[00140] Processing operations and elements of the method 200 and device 250
as described herein may comprise software, firmware, hardware, or any combination(s)
of software, firmware, or hardware suitable for the purposes described herein.

[00141] In the method 200 and device 250, the various processing operations and
sub-operations may be performed in various orders and some of the processing
operations and sub-operations may be optional.

[00142] Although the present disclosure has been described hereinabove by way
of non-restrictive, illustrative embodiments thereof, these embodiments may be
modified at will within the scope of the appended claims without departing from the spirit
and nature of the present disclosure.

8. References

[00143] The present disclosure mentions the following references, of which the
full content is incorporated herein by reference:

[1] 3GPP TS 26.445, “EVS Codec Detailed Algorithmic Description,” 3GPP
Technical Specification (Release 12) (2014) - Sections 5.2.6.1 and 6.1.3.1.

2] Bessette, B., Lefebvre, R., Salami, R. et al. “Techniques for high-quality ACELP
coding of wideband speech”. Int. Conference EUROSPEECH 2001 Scandinavia,
7th European Conference on Speech Communication and Technology, 2nd
INTERSPEECH Event, Aalborg, Denmark, September 3-7, 2001.
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What is claimed is:

1. A method for time-domain bandwidth expansion of an excitation signal during
decoding of a cross-talk sound signal, comprising:

decoding a high-band mixing factor received in a bitstream; and

mixing a low-band excitation signal and a random noise excitation signal using
the high-band mixing factor to produce the time-domain bandwidth expanded excitation
signal.

2. The method according to claim 1, wherein decoding the high-band mixing factor
comprises decoding a quantized normalized gain received in the bitstream and
calculating the high-band mixing factor using the decoded quantized normalized gain.

3. The method according to claim 1 or 2, comprising interpolating an energy of the
random noise excitation signal between a previous frame and a current frame of the
sound signal to smoothen transition between the previous and current frames.

4, The method according to claim 3, comprising, for interpolating the energy of the
random noise excitation signal, scaling the random noise signal in a portion of the
current frame.

5. The method according to any one of claims 1 to 4, comprising interpolating the
high-band mixing factor between a previous and a current frame of the sound signal to

ensure smooth transition between the previous and current frames.

6. The method according to any one of claims 1 to 4, comprising estimating
quantized gain/shape parameters.

7. A method for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:
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calculating (a) a high-band residual signal using the sound signal and (b) a
temporal envelope of the high-band residual signal;

calculating a high-band voicing factor based on the temporal envelope of the
high-band residual signal,

calculating a high-band mixing factor usable for mixing a low-band excitation
signal and a random noise excitation signal to produce the time-domain bandwidth
expanded excitation signal; and

estimating gain/shape parameters using the high-band voicing factor.

8. A method for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:

calculating (a) a high-band residual signal using the sound signal and (b) a
temporal envelope of the high-band residual signal; and

calculating a high-band voicing factor based on the temporal envelope of the
high-band residual signal.

9. A method for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:

calculating a high-band mixing factor usable for mixing a low-band excitation
signal and a random noise excitation signal to produce the time-domain bandwidth
expanded excitation signal.

10.  The method according to claim 7 or 8, wherein calculating the high-band voicing
factor comprises (a) calculating a high-band autocorrelation function based on the
temporal envelope, and (b) using the high-band autocorrelation function to calculate the
high-band voicing factor.

11.  The method according to any one of claims 7, 8 and 10, wherein calculating the

high-band voicing factor comprises downsampling the temporal envelope of the high-
band residual signal by a given factor.
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12.  The method according to claim 11, wherein calculating the high-band voicing
factor comprises dividing the downsampled temporal envelope into a number of
segments and calculating a mean value of each segment of the downsampled temporal
envelope.

13. The method according to claim 12, wherein calculating the high-band voicing
factor comprises per-segment normalization of the downsampled temporal envelope of
the high-band residual signal.

14.  The method according to claim 13, wherein per-segment normalization of the
downsampled temporal envelope comprises (a) calculating segmental normalization
factors from the calculated means values, (b) interpolating the segmental normalization
factors in a current frame, and (c) normalizing the downsampled temporal envelope
using the interpolated segmental normalization factors.

15. The method according to any one of claims 7, 8 and 10 to 14, comprising
calculating a tilt of the temporal envelope of the high-band residual signal based on a
linear least squares method.

16.  The method according to claim 14, wherein calculating the high-band voicing
factor comprises (a) calculating a high-band autocorrelation function based on the
normalized temporal envelope, and (b) using the high-band autocorrelation function to
calculate the high-band voicing factor.

17.  The method according to any one of claims 7 and 9 to 16, wherein calculating

the high-band mixing factor comprises calculating and quantizing a gain from which the
high-band mixing factor is obtained.
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18.  The method according to claim 17, wherein calculating the high-band mixing

factor comprises generating a random noise excitation signal.

19. The method according to claim 18, wherein generating the random noise
excitation signal comprises power-normalizing the random noise excitation signal.

20.  The method according to claim 18 or 19, wherein calculating the high-band
mixing factor comprises (a) mixing the low-band excitation signal with the random noise
excitation signal, and (b) minimizing a mean squared error between the mixed excitation
signal and a high-band residual signal calculated from the sound signal.

21.  The method according to any one of claims 18 to 20, wherein calculating the
high-band mixing factor comprises (a) calculating a temporal envelope of the random
noise excitation signal, (b) calculating a temporal envelope of the low-band excitation
signal, and (c) finding respective gains for the temporal envelopes of the random noise
excitation signal and the low-band excitation signal by means of mean squared error

minimization process.

22.  The method according to claim 21, wherein calculating the high-band mixing
factor comprises scaling the gains for the temporal envelopes of the random noise
excitation signal and the low-band excitation signal.

23. The method according to claim 22, wherein scaling the gains comprises
obtaining a single gain parameter and wherein calculating the high-band mixing factor
comprises quantizing the single gain parameter to obtain the said quantized gain from
which the high-band mixing factor is obtained.

24. The method according to claim 7 or 8, comprising estimating gain/shape
parameters using the high-band voicing factor.
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25. The method according to any one of claims 7 to 24, wherein the gain/shape
parameters are selected from the group comprising:

- a spectral shape of a high-band target signal;

- subframe gains of the high-band target signal,

- aframe gain parameter.

26. The method according to any one of claims 7 to 25, wherein estimating the
gain/shape parameters comprises calculating a temporal tilt of the gain/shape
parameters.

27. The method according to claim 26, wherein calculating the temporal tilt
comprises interpolating the gain/shape parameters.

28. The method according to claim 27, wherein interpolating the gain/shape
parameters comprises using a linear least squares method.

29.  The method according to any one of claims 7 to 28, wherein estimating the
gain/shape parameters comprises smoothing the gain/shape parameters using an
adaptive weight parameter.

30.  The method according to claim 29, comprising calculating the adaptive weight
parameter using the high-band voicing factor.

31.  The method according to claim 29 or 30, comprising smoothing of the gain/shape
parameters using the adaptive weight parameter in response to a given condition

involving the high-band voicing factor.

32. The method according to any one of claims 29 to 31, wherein estimating the
gain/shape parameters comprises quantizing the smoothed gain/shape parameters.
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33. The method according to claim 32, wherein estimating the gain/shape

parameters comprises interpolating the quantized gain/shape parameters.

34. The method according to claim 32 or 33, wherein estimating the gain/shape

parameters comprises smoothing the quantized gain/shape parameters.

35.  The method according to claim 34, wherein smoothing the quantized gain/shape
parameters is performed by means of averaging of the quantized interpolated
gain/shape parameters.

36. The method according to any one of claims 7 to 35, wherein estimating the
gain/shape parameters comprises adaptive attenuation of a frame gain parameter using

a MSE excess error.

37. A device for time-domain bandwidth expansion of an excitation signal during
decoding of a cross-talk sound signal, comprising:

a decoder of a high-band mixing factor received in a bitstream; and

a mixer of a low-band excitation signal and a random noise excitation signal
using the high-band mixing factor to produce the time-domain bandwidth expanded

excitation signal.

38.  The device according to claim 37, wherein the decoder of the high-band mixing
factor decodes a quantized normalized gain received in the bitstream and calculates
the high-band mixing factor using the decoded quantized normalized gain.

39.  The device according to claim 37 or 38, comprising a generator of the random
noise excitation signal which interpolates an energy of the random noise excitation
signal between a previous frame and a current frame of the sound signal to smoothen
transition between the previous and current frames.
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40. The method according to claim 39, comprising, for interpolating the energy of the
random noise excitation signal, the generator of the random noise excitation signal
scales the random noise signal in a portion of the current frame.

41.  The device according to any one of claims 37 to 40, wherein the decoder of the
high-band mixing factor interpolates the high-band mixing factor between a previous
and a current frame of the sound signal to ensure smooth transition between the
previous and current frames.

42.  The device according to any one of claims 37 to 40, comprising an estimator of
quantized gain/shape parameters.

43. A device for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:

a calculator of (a) a high-band residual signal using the sound signal and (b) a
temporal envelope of the high-band residual signal;

a calculator of a high-band voicing factor based on the temporal envelope of the
high-band residual signal,

a calculator of a high-band mixing factor usable for mixing a low-band excitation
signal and a random noise excitation signal to produce the time-domain bandwidth
expanded excitation signal; and

an estimator of gain/shape parameters using the high-band voicing factor.

44. A device for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:

a calculator of (a) a high-band residual signal using the sound signal and (b) a
temporal envelope of the high-band residual signal; and

a calculator of a high-band voicing factor based on the temporal envelope of the
high-band residual signal.
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45. A device for time-domain bandwidth expansion of an excitation signal during
encoding of a cross-talk sound signal, comprising:

a calculator of a high-band mixing factor usable for mixing a low-band excitation
signal and a random noise excitation signal to produce the time-domain bandwidth

expanded excitation signal.

46. The device according to claim 43 or 44, wherein the calculator of the high-band
voicing factor calculates a high-band autocorrelation function based on the temporal
envelope, and uses the high-band autocorrelation function to calculate the high-band

voicing factor.

47. The device according to any one of claims 43, 44 and 46, wherein the calculator
of the high-band voicing factor comprises a downsampler of the temporal envelope of

the high-band residual signal by a given factor.

48.  The device according to claim 47, wherein the calculator of the high-band voicing
factor comprises a divider of the downsampled temporal envelope into a number of
segments and a calculator of a mean value of each segment of the downsampled

temporal envelope.

49.  The device according to claim 48, wherein the calculator of the high-band voicing
factor comprises a per-segment normalizer of the downsampled temporal envelope of
the high-band residual signal.

50. The device according to claim 49, wherein the per-segment normalizer (a)
calculates segmental normalization factors from the calculated means values, (b)
interpolates the segmental normalization factors in a current frame, and (c) normalizes
the downsampled temporal envelope using the interpolated segmental normalization
factors.
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51.  The device according to any one of claims 43, 44 and 46 to 50, comprising a
calculator of a tilt of the temporal envelope of the high-band residual signal based on a
linear least squares method.

52.  The device according to claim 50, wherein the calculator of the high-band voicing
factor comprises a calculator of a high-band autocorrelation function based on the
normalized temporal envelope, and uses the high-band autocorrelation function to
calculate the high-band voicing factor.

53. The device according to any one of claims 43 and 45 to 52, wherein the
calculator or the high-band mixing factor calculates and quantizes a gain forming the
high-band mixing factor.

54.  The device according to claim 53, wherein the calculator of the high-band mixing
factor comprises a generator of a random noise excitation signal.

55.  The device according to claim 54, comprising a power-normalizer of the random
noise excitation signal to a power of the low-band excitation signal.

56.  The device according to claim 54 or 55, wherein the calculator of the high-band
mixing factor (a) combines the low-band excitation signal with the random noise
excitation signal, and (b) minimizes a mean squared error between the mixed excitation
signal and a high-band residual signal calculated from the sound signal.

57.  The device according to any one of claims 54 to 56, wherein the calculator of the
high-band mixing factor (a) comprises a calculator of a temporal envelope of the random
noise excitation signal and a calculator of a temporal envelope of the low-band
excitation signal, and (b) finds respective gains for the temporal envelopes of the
random noise excitation signal and the low-band excitation signal by means of a mean

squared error minimization process.
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58.  The device according to claim 57, wherein the calculator of the high-band mixing
factor scales the gains for the temporal envelopes of the random noise excitation signal
and the low-band excitation signal.

59.  The device according to claim 58, wherein, to scale the gains for the temporal
envelopes of the random noise excitation signal and the low-band excitation signal, the
calculator of the high-band mixing factor calculates a single gain parameter and
quantizes the single gain parameter to obtain the said quantized gain forming the high-
band mixing factor.

60. The device according to claim 43 or 44, comprising an estimator of gain/shape
parameters using the high-band voicing factor.

61. The device according to any one of claims 43 to 60, wherein the gain/shape
parameters are selected from the group comprising:

- a spectral shape of a high-band target signal;

- subframe gains of the high-band target signal,

- aframe gain parameter.

62. The device according to any one of claims 43 to 61, wherein the gain/shape
parameters comprise subframe gains of the high-band target signal, and wherein the
estimator of the gain/shape parameters comprises a calculator of a temporal tilt of the
subframe gains.

63. The device according to claim 62, wherein the calculator of the temporal tilt
comprises and interpolator of the subframe gains.

64.  The device according to claim 63, wherein the interpolator of the subframe gains
uses a linear least squares method.
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65. The device according to any one of claims 43 to 64, wherein the gain/shape
parameters comprise subframe gains of the high-band target signal, and the estimator
of the gain/shape parameters comprises a smoother of the subframe gains using an
adaptive weight parameter.

66. The device according to claim 65, wherein the smoother of the subframe gains

calculates the adaptive weight parameter using the high-band voicing factor.

67.  The device according to claim 29 or 30, wherein the smoother of the gain/shape
parameters performs smoothing of the gain/shape parameters using the adaptive
weight parameter in response to a given condition involving the high-band voicing
factor.

68.  The device according to any one of claims 65 to 67, wherein the estimator of the

gain/shape parameters comprises a quantizer of the subframe gains.

69. The device according to claim 68, wherein the estimator of the gain/shape

parameters comprises an interpolator of the quantized subframe gains.

70.  The device according to claim 68 or 69, wherein the estimator of the gain/shape
parameters comprises a smoother of the subframe gains.

71.  The device according to claim 70, wherein the smoother of the subframe gains
smoothes the quantized gain/shape parameters by means of averaging of the quantized

interpolated gain/shape parameters.

72.  The device according to any one of claims 43 to 71, wherein the gain/shape
parameters comprise subframe gains of the high-band target signal, and wherein the
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estimator of the gain/shape parameters performs adaptive attenuation of a frame gain
parameter using a MSE excess error.
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