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Signal filterin

Description

1. Technical Field

The present examples relate to systems and methods for performing filtering of signals

(e.g., LTP postfilter and/or a pre-filter).

2. Prior art

The prior art comprises the following disclosures:

[1] A. T. Hill and A. lichmann, "Exponential stability of time-varying linear systems,"
IMA J Numer Anal, pp. 865-885, 2011.

[2] 3GPP TS 26.090, Adaptive Multi-Rate (AMR) speech codec; Transcoding
functions.

[3] 3GPP TS 26.445, Codec for Enhanced Voice Services (EVS), Detailed algorithmic
description.

[4] 3GPP TS 26.190, Adaptive Multi-Rate - Wideband (AMR-WB) speech codec;
Transcoding functions.

[5] 3GPP TS 26.290, Extended Adaptive Multi-Rate - Wideband (AMR-WB+) codec;
Transcoding functions.

[6] B. Edler, C. Faller and G. Schuller, "Perceptual Audio Coding Using a Time-
Varying Linear Pre- and Post-Filter," in AES 109th Convention, Los Angeles, 2000.

[7] A. Gray and J. Markel, "Digital lattice and ladder filter synthesis," IEEE
Transactions on Audio and Electroacoustics, vol. vol. 21, no. no. 6, pp. 491-500, 1973.

[8] M. P. Lamoureux, S. Ismail and G. F. Margrave, "Stability of time variant filters,”
CREWES Research Report - Volume 19, 2007.

[9] P. J. Wilson and H. Chhatwal, "Adaptive Transform Coder Having Long Term
Predictor”, US Patent 5,012,517, 30 Apr 1991.

[10] M. Tsushima, Y. Nakatoh and T. Norimatus, "Apparatus for expanding speech
bandwidth". EP Patent 0 732 687 B2, 18 Sep 1996.

[111 A, John Robinson, "Low Bit Rate Audio Coder And Decoder Operating in A
Transform Domain Using Vector Quantization”. US Patent 5,999,899, 7 Dec 1959.
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[12] J. Thyssen, C. C Lee and J.-H. Chen, "Method And Apparatus To Eliminate
Discontinuities In Adaptively Filtered Signals". US Patent 7,353,168 B2, 28 Jun 2002.

[13] E. Ravelli, M. Jander, G. Pietrzyk, M. Dietz and M. Gayer, "Method and apparatus
for processing an audio signal, audio decoder, and audio encoder". EP Patent 2980796
A1, 28 Jul 2014.

[14] E. Ravelli, C. Helmrich, G. Markovic, M. Neusinger, M. Jander, M. Dietz and S.
Disch, "Apparatus and method for processing an audio signal using a harmonic post-
filter". EP Patent 2980799 A1, 28 Jul 2014.

[15] ITU-T Recommendation G.718, Frame error robust narrow-band and wideband
embedded variable bit-rate coding of speech and audio from 8-32 kbit/s, 2008.

Audio and speech are in general time varying signals. Because the changes are relatively
slow they are usually considered quasi-stationary over short period of time. Adaptive filter
parameters (e.g. linear predictive coding, LPC, or long-term post filter, LTP) used for
processing audio/speech signals are updated once per frame and kept constant over the
frame duration, frame usually having length of 2 to 40 milliseconds. Such filtering is
effectively time-varying and thus in general produces instabilities and discontinuities even
if filtering with frozen filter parameters doesn't [1].

A cross-fade approach is known. The cross-fade approach may be summarized as:
- filter a portion of a signal with a set of parameters ¢, producing first filtered portion
- filter the same portion of the signal with a set of parameters ¢ producing second
filtered portion; and
- perform cross-fade of the first and the second filtered portion.
The cross-fade approach has been used among others in [9], [10], [11] and [12].
- Another approach to remove discontinuities is to use LP filter as in [13].

An infinite impulse response (lIR) filter can be presented in the lattice-ladder form [7]. An
interpolation of stable IIR filters in the lattice-ladder form should produce stable time-
varying IIR filter [8]. Thus it should be possible to generalize the interpolation of the
reflection coefficients from [6] in general case of IIR filters. However such approach would
be too complex for the LTP filtering as the number of the non-zero reflection coefficients
would be equal to the pitch lag (e.g. if used for smoothing the LTP discontinuities in [3]
this would lead to filter orders bigger than 250).



10

15

20

25

30

35

WO 2019/092220 PCT/EP2018/080837

Complexity is very important aspect in a real-time codec and it is desirable to use a
method for avoiding discontinuities in time varying filtering with least complexity.
A low-complexity technique is preferable for performing filtering operations.

3. The Present Invention

We present a low complexity technique for avoiding discontinuities, e.g., when Infinite
Impulse Response (lIR) filter parameters change in consecutive frames.

In accordance to examples, there is provided a system for filtering an information input
signal, divided into different update intervals, according to parameters varying with the

update intervals, to obtain a filtered output signal, the system comprising:

a first filter unit to filter a first filter input signal at least at an initial subinterval in a
current update interval to obtain a first filter output signal, according to parameters
associated to the preceding update interval, the first filter unit being configured to change
the parameters along at least the initial subinterval from a higher-filtering status to a lower-
filtering status; and

a second filter unit to filter a second filter input signal, at the initial interval,
according to parameters associated to the current update interval to obtain a second filter
output signal, the second filter unit being configured to change the parameters along at
least the initial subinterval from a lower-filtering status to a higher-filtering status,

wherein the first filter input signal is based on the information input signal, the first
filter output signal is an intermediate signal, the second filter input signal is based on the
intermediate signal, and the filtered output signal is based on the second filter output
signal.

Accordingly, discontinuities are reduced and/or avoided and the complexity is reduced,
e.g., with respect to the cross-fade technique. There is no need for performing two
different filter operations and, subsequently, for cross-fading the two filtered signals:
simply, two filtering operations are performed, hence reducing the necessity of performing
calculations.
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In accordance to examples, there is provided a third filter unit to filter the information input
signal, at a subsequent subinterval in the current update interval after the initial
subinterval according to parameters associated to the current update interval.

Accordingly, apart from the initial subinterval, the current update interval may operate
using the parameters which are most suited for it.

In accordance to examples, there is provided a selector configured to check if the distance
between parameters for the current update interval is O or within a first threshold, so as to
filter the information input signal at least in the initial subinterval using the third filter unit.

in accordance to examples, the third filter unit is configured to maintain the same filtering
status along the subsequent interval and or to maintain the filter parameter constant.

In accordance to examples, at least one of the first, second and third filter units operates
as long term, LTP, filter.

In accordance to examples, at least one of the first, second, and third unit has a transfer
function comprising a numerator and a denominator, wherein the numerator comprises a
gain value indicated by the gain information, and wherein the denominator comprises an
integer part of a pitch lag indicated by the pitch lag information and a multi-tap filter
depending on a fractional part of the pitch lag.

In accordance to examples, the parameters of at least one of the first, second, and third
unit are obtained from harmonicity information, gain information, pitch lag information, the
integer part of the pitch lag of the information input signal and/or the fractional part of the
pitch lag of the information input signal.

in accordance to examples, the parameters of at least one of the first, second and/or third
filter unit are parameters of a filter chosen among at least one or a combination of, linear
predictive coding, LPC, filter, infinite impulse response, IR, filter, and/or finite impulse
response, FIR, filter.

In accordance to examples, the first filter unit is configured to scale parameters associated
to the preceding update interval by a first scaling factor changing towards 0 along at least
the initial subinterval and/or the second filter unit is configured to scale parameters
associated to the current update interval by a second scaling factor changing from 0
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toward a value different from 0 (or from a value close to O to a second value more distant

from O than the value close to 0) along at least the initial subinterval.

In accordance to examples, the first scaling factor and the second scaling factor are non-

negative values complementary with each other to a value greater than 0.

In accordance to examples, the first scaling factor is to change towards 0 towards the final
extremity of at least the initial subinterval, and/or the second scaling factor is to change
from O from the initial extremity of the current update interval towards a non-zero value (or

from a value close to 0 to a second value more distant from 0 than the value close to 0).

In accordance to examples, there is provided a fourth filter unit configured to filter the
information input signal, at least at the initial subinterval, using parameters obtained by
interpolating the parameters associated to the current update interval and the parameters

associated to the previous update interval.

In accordance to examples, there is provided a selector configured to check if the distance
between parameters for the current update interval is within a second threshold, so as to
filter the information input signal at least in the initial subinterval using the fourth filter unit.

The system may be further configured to actively set the second threshold on the basis of

values associated to the signal.

In accordance to examples, the system may be configured to:

set the second threshold as a pitch lag distance threshold equal to the minimum
between the integer part of the pitch lag at the current update interval and the integer part

of the pitch lag at the previous update interval,

so as to use the fourth filter unit when the distance between the integer part of the
pitch lag at the current update interval and the integer part of the pitch lag at the previous
update interval is less than the pitch lag distance threshold; and/or

so as to use the first and second filter units when the distance between the integer
part of the pitch lag at the current update interval and the integer part of the pitch lag at
the previous update interval is greater than the pitch lag distance threshold.
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In accordance to examples, the system may be configured to:

use a condition associated to the gains of the signal at the current update interval
and at the preceding interval,

so as to use the fourth filter unit when both the gains of the signal at the current
update interval and at the preceding interval are different from zero, and/or

so as to use the first and second filter units when at least one of the gains of the
signal at the current update interval and at the preceding interval is zero.

In accordance to examples, the first filter unit is to provide the first filter output signal in the

form of
P Q
y'[n] = x[n] + sy-1[n] Z b-1,x[n —i] = Z ag-1,;¥' [n—Jj1 | kT <n <kT +T,
i=0 =1
where

Sk—11n] changes towards a value close to 0 when n increases

and second filter unit is to provide the second filter output signal in the form of:
Q

P
y[n] = y'[n] + siln] (Z by;y'[n—i] - Z ay;yIn —j]),kT Sn<kT+T,;

i=0 j=1
where
siIn] changes from a value close to 0 towards

anon — zero value when n increses,

where T is the current k" update interval, T; the initial subinterval, n an instant, x[n] the
information input signal, b1, and a,_, ; are parameters associated to the previous (k-0
update interval, a;; and by are parameters associated to the current k" update interval,

and P and Q are associated to the type of the filter.

In accordance to examples, the first filter unit is configured to provide the first filter output

signal in the form of
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Lpum Ligen

. ~ n ~ JU— Ld

Tipp () = 2(n) — (1 - W?) [Z cmem (12 (n — k) + z e (k, P (n _pmem . Zen _ k)‘
A k=0 k=0

4

forn= 7

and the second filter unit is configured to provide the filtered output signal (13) in the form
of

Lnum Len

S p—— n S —— Ld

xltpf(n) = Xiepf (n) - TVF[ Z Cnum(k)xltpfl(n - k) + Z Cden(k, pfr)xltpf (n ~ Pint T ——2—6—71 - k)]
G| k=0 k=0

forn=20.. 2

wherein % is the length of the initial subinterval, £(n) is the information input signal, X7’
is the intermediate signal, X, (n) is the filtered output signal, n is an instant, pme and
pf ™ are respectively based on the integer part and fractional part of the pitch lag
associated to the preceding update interval, p;,: and pg, are respectively based on the
integer part and fractional part of the pitch lag associated to the current update interval,
crum(k) is a coefficient based on the gain value for the current update interval,
caen(k,pyr) is a coefficient based on the gain value for the determined update interval and
on the fractional part of the pitch, ¢97 (k) is a coefficient based on the gain value for
preceding update interval, cJe(k, p}“rem) is a coefficient based on the gain value for
preceding update interval and on the fractional part of the pitch, Leen and Loum are fixed

and/or based on the sampling rate of the input signal.

In accordance to examples, the time length of the initial subinterval is between the 5% and
the 40% of the time length of the current update interval.

In accordance to examples, the system is configured to check the gain g of the current k™
frame and the gain gk.1 of the previous (k-1)" frame, so that:

- If ge1=0 and g«=0, then there is no first, second, nor third filtering; and/or
- If gk1=0 and g#0, then

o the first filtering is deactivated;

o there is second filtering in at least the initial subinterval;

o there is third filtering in the subsequent subinterval; and/or
- If g1#0 and ge=0, then

o there is first filtering in at least the initial subinterval,
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o the second filtering is deactivated,
o the third filtering is deactivated; and/or

- If g1#0 and g#0, then the difference of the integer and fractional parts of the pitch
lag are checked, so that:
o If the integer and fractional parts of the pitch lag in the current k™ frame and
in the previous (k-1)"frame are the same, then:
= there is no first filtering nor second filtering;
» there is third filtering along the 100% of the current update interval;
o else if there is a difference in the integer or in the fractional part of the pitch
lag:
= there is first filtering in at least the initial subinterval;
= there is second filtering by 52 in at least the initial subinterval
= there is third filtering by 53 in the subsequent subinterval.
In accordance to examples, the system comprises an encoder side and a decoder side,
wherein at least one of the first, second, third, and/or fourth filter units is at the decoder
side.

In accordance to examples, the system comprises an encoder side and a decoder side,
wherein at least one of the first, second, third, and/or fourth filter units is at the encoder

side.

In accordance to examples, the system comprises a converter for converting a first
representation of the information signal into a second representation of the information
signal.

In accordance to examples, the system is configured to:

determine if the first and/or second filter unit will operate as an identity filter; and

in case of determination, bypass the first and/or second filter.

In accordance to examples, there is provided a method for filtering an information input
signal, including different update intervals, according to parameters corresponding to the
update intervals, to obtain a filtered output signal, the method comprising:
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performing a first filtering at least at an initial subinterval of a current update
interval according to parameters associated to the preceding update intervals, wherein the
parameters along at least the initial subinterval are changed from a higher-filtering status
to a lower-filtering status; and

performing a second filtering at least at the initial subinterval, according to
parameters associated to the current update interval, wherein the parameters along the
initial subinterval are changed from a lower-filtering status to a higher-filtering status,

wherein the first filtering is performed on the information input signal and the
second filtering is performed on the signal obtained by the first filtering.

In accordance to examples, there is provide a non-transitory storage unit storing
instructions which, when executed by a processor, cause the processor to perform one of
the methods above or below and/or to implement a system as above or below and/or a
component of such a system.

The information input signal may be, for exampie, an audio signal.

In some examples, the interval is the entire frame. In other examples, the interval is
smaller than the frame.

Accordingly, the technique above may be only performed for an initial interval or final
interval of the determined frame: in the subsegquent interval, the parameters for the

determined frame may be used, further reducing the computation complexity.

Accordingly, there is no modification of the output in the subsequent interval.

In examples, the interpolation of coefficients may be used instead of the technique
discussed above. This may be controlled on the basis of a selection, to better adapt the

filtering operations to the signal conditions.

In examples, it is possible to set the second threshold to the minimum between the integer
part of the pitch lag at the determined frame and the integer part of the pitch lag at the
previous frame (or the subsequent frame), and/or to set the second threshold to the
maximum between the gain at the determined frame and the gain at the previous frame or
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the subsequent frame. Accordingly, it is possible to use the fourth filter unit when the
distance between the gain at the determined frame and the gain at the previous frame is
less than the second threshold and/or to use the first and second filter units when the
distance between the integer part of the pitch lag at the determined frame and the integer
part of the pitch lag at the previous frame or subsequent frame is less than the second
threshold.

In examples, it is possible to define a condition associated to the gains of the signal at the
determined frame and at the preceding or subsequent frame. Accordingly, it is possible to
use the fourth filter unit when at least one of the gains of the signal at the determined
frame and at the preceding or subsequent frame is zero. In examples, it is possible to use
the first and second filter units when both the gains of the signal at the determined frame

and at the preceding or subsequent frame are different from zero.

Accordingly, the parameters associated to the previous frame or the subsequent frame
and the parameters associated to the determined frame are modified (e.g., sample-by-
sample) to perform a graceful filter which avoids and/or reduces the discontinuity between
the frames.

Accordingly, the input signals of the first and the second filter units may be easily and
coherently damped.

In examples, the first filter unit is configured to provide the first filter output signal (13) in

the form of
n Lnum Lflen L
Tpp (M) =2(n) —| 1 - o Z cmem(k)z(n — k) + z chea (k, p}?.em)x/nﬁ' (n — e den
4/ k=0 k=0
Ny
forn =20, T

and the second filter unit (14) is configured to provide the filtered output signal (13) in the
form of

Lyym Lyen
xltpf(n) = xltpf,(n) - 'ATF" Z Cnum(k)xltpf,(n —k)+ Z Cden(k: pfr')xltpf (n = Dint + dzen
—4“' k=0 k=0
forn = 0.
orn = u.. 4

wherein %—F- is the length of the initial subinterval, £(n) is the information input signal (11),

Xipr s the intermediate signal, %,7(n) is the filtered output signal (15), n is an

2

A
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instant, p/if™ and pf,*™ are respectively based on the integer part and fractional part of
the pitch lag associated to the preceding frame, p;,,, and py, are respectively based on the
integer part and fractional part of the pitch lag associated to the determined frame,
Cnum(k) and Cden(k,pfr) are coefficients based on the gain value for the determined
frame, cmem (k) and cgen(k, pfr) are coefficients based on the gain value for preceding

frame, Lgen and Loum are fixed and/or based on the sampling rate of the input signal.

In examples, in the lower filtering status the parameters of a same filter are modified so as
to have a value closer to 0 than in the higher filtering status. For example, the parameters
may be scaled by scaling factors which gradually vary.

The present invention may be used, for example, for Long Term Post Filtering (LTPF). ltis
a tool for transform-based audio coding that helps at reducing the inter-harmonic noise. It
relies on a post-filter that is applied on the time-domain signal after transform decoding.
This post-filter is essentially an infinite impulse response (lIR) filter with a comb-like
frequency response controlled by one parameter (pitch lag) or two parameters (pitch lag
and gain). For better robustness, the post-filter parameters (a pitch lag and a gain per
frame) are estimated at the encoder-side and encoded in a bitstream when the gain is
non-zero.

4. Description of the Drawings

Figs. 1, 1a, 2, 3, 4, 5a and 5b show systems according to examples;

Figs. 6,7,and 7a show methods according to examples;

Figs.8and 9 show systems according to examples;

Figs. 10 and 11 show temporal diagrams according to examples;
Figs. 12a and 12b show systems according to examples; and

Fig. 13 shows a transfer function according to an example.

5. Examples
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In the approach presented here, filtering parameters (also referred to as filter parameters
or parameters) are in general different for different update intervals. Two consecutive
update intervals may have different parameters. In examples, the update interval may be
signal adaptive and its length may be changed or shifted over time.

In some examples, the signal is divided into frames. For example, the frame may be
associated to a fixed number of samples and/or a fixed time length (e.g., 20 ms). When
transmitted or stored, the frame may be associated to particular parameters, e.g., filtering

parameters. Within the same frame, the parameters may be in general constant.

In some examples, the update interval may correspond to a frame. Therefore, when
transmitted or stored, the signal may comprise parameters (e.g., filtering parameters)
associated to the frame (which is also the update interval), e.g., by data encoded in

association with a particular frame.

In some examples, the update interval does not correspond to a pre-defined frame. When
transmitted or stored, the signal may comprise parameters associated to the update
interval even if they are signalled as being associated to the frame. In some cases, a new
frame (with the new parameters) anticipates the new update interval, and the old update
interval is still associated to the old parameters. When the update intervals are adaptive
(e.g., their length is determined on the fly, on the basis of the characteristics of the signal,
for example), of course they in general do not correspond with fixed-length frames.
Hence, it is possible to associate parameters to a particular update interval (which in

some cases, is associated to a frame).

Fig. 1 shows a system 10 which may be a system for filtering an input signal 11 (indicated
as “x" or “x[n]", where “n" refers to the particular sampie).

The signal 11 may be an information signal, such as an audio signal. A digital
representation of an information signal may be used. The signal may comprise a
succession of samples, each acquired at a different time instant (e.g., discrete time
instants). The signal may be divided into different frames and/or update intervals (e.g., a
succession of samples). Each frame and/or update interval may be constituted by a
plurality of samples (e.g., 1, 2, ..., n, ...), e.g., each associated to a discrete time instant).
Each frame and/or update interval may be subdivided into an initial subinterval and a

subsequent subinterval (the subinterval may be a proper subinterval, as its length may be



10

15

20

25

30

35

WO 2019/092220 PCT/EP2018/080837
13

smaller than the length of the update interval). In general, samples of the initial subinterval
precede (are before) the samples of the subsequent subinterval of the same frame and/or
update interval. A determined (current, presently processed) frame precedes a
subsequent frame and/or update interval and is preceded by a preceding (previous, old)
frame. A determined (current, present) update interval precedes a subsequent update
interval and is preceded by a preceding (previous, old) update interval. The initial
subinterval of an update interval may have a time length which is between 1% and 99%,
more in particular 20% and 30% (e.g., one quarter), of the time length of the current
update interval. The subsequent subinterval may have a time length which is between 1%
and 99%, more in particular 70% and 80% (e.g., three quarters), of the time length of the
current update interval.

For some examples, it is referred to “at least one initial subinterval” of the update interval,
implying that also the 100% of the update interval may be covered in some examples.

The system 10 may filter the information input signal 11 (x) according to parameters
varying with the update intervals (e.g., parameters which, in general, vary in time
according to the particular update interval they are associated to, e.g., by virtue of the
parameters being encoded and associated to a particular frame). The system 10 may
provide a filtered output signal 15 (y or y[n]). The system 10 may provide post-filtered
audio signal (e.g., a time domain, TD, representation of a post-filtered audio signal).

The system 10 may comprise a first filter unit 12 to filter the information input signal 11
(first filter input signal). The first filter unit 12 may operate with samples of at least an initial
subinterval of a current update interval (a present update interval, such as an update
interval which is currently processed), to obtain a first filter output signal which is an
intermediate signal 13 (y’ or y'[n]). (The at least an initial subinterval may refer, in
examples, to only the initial subinterval or, in examples, to an interval bigger than the
initial subinterval, such as the update interval). The intermediate signal 13 may be
obtained using parameters associated to the preceding update interval (e.g., the update
interval preceding the current update interval). The first filter unit 12 is configured to
change (e.g., gradually, e.g., by fading, e.g., monotonically) the parameters along at least
the initial subinterval from a higher-filtering status to a lower-filtering status. For example,
the parameters may be less reduced and/or less damped (hence implying a higher-
filtering status) in correspondence to the first samples in the initial subinterval. The

parameters may be more reduced and/or more damped (hence implying a lower-filtering
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status) in correspondence to the last samples in the at least the initial subinterval (where

the parameters may be processed to be closer to 0).

The system 10 may comprise a second filter unit 14. The second filter unit 14 may have a
second filter input signal and a second filter output signal. The second filter unit 14 may
filter the intermediate signal 13 (which is the second filter input signal). The second filter
unit 14 may operate with samples of at least the initial subinterval of the current update
interval (e.g., the same at least initial subinterval on which the filter unit 12 operates). The
second filter unit 14 may filter the intermediate signal according to parameters associated
to the current update interval. The second filter unit 14 may be configured to change (e.g.,
gradually, e.g., by fading, e.g., monotonically) the parameters along at least the initial
subinterval from a lower-filtering status to a higher-filtering status. For example, the
parameters may be more reduced and/or more damped (hence implying a lower-filtering
status) for the first samples in the at least an initial subinterval (where the parameters may
be processed to be 0 or close to 0). The parameters may be less reduced and/or less
damped (hence implying a higher-filtering status) for the last samples in the at least an
initial subinterval.

The lower-filtering status may be such that the impulse response is closer to the impulse
response of the identity filter than the impulse response in the higher-filtering status. In
some examples, the lower-filtering status and the higher-filtering status may be such that
the lower-filtering status implies an increased energy of the impulse response with respect
to the energy of the impulse response of the higher-filtering status. In some examples, the
lower-filtering status and the higher-filtering status may be such that the lower-filtering
status implies a reduced energy of the impulse response with respect to the energy of the
impulse response of the higher-filtering status. When the first filter unit 12 operates at the
lower-filtering status, it implies an impulse response which is different from (e.g., lower or
higher than) the energy implied by the same first filter unit 12 when it operates at higher
filtering-status. The same applies to the second filter unit 14. In the lower-filtering status
the parameters may be closer to 0 than in the higher-filtering status.

In examples, the first filtering unit 12 may change from the higher-filtering status towards a
lower-filtering status, and/or the second filtering unit 14 may change from the lower-
filtering status to a higher-filtering status.

In general terms, when changing from the higher-filtering status to the lower-filtering

status, the parameters may be modified (e.g., gradually and/or monotonically and/or by
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fading and/or by damping). In the lower-filtering status, the parameters may be processed
to be 0, or may be processed to be closer to 0 than the parameters in the higher-filtering
status. For example, in the higher-filtering status the parameters may be less reduced
and/or less damped and/or more distant from 0 than in the lower-filtering status.

In lower-filtering status, a filtering effect may be reduced (e.g., the same effect of or an
effect close to the effect of the identity filter may be obtained). In higher-filtering status, a
strong filtering effect may be obtained.

In higher-filtering status, the input signal is strongly filtered. In lower-filtering status the
input signal is not strongly filtered. In examples, the more the parameters are dampened,

the lower the filtering status.

The first and/or second filter units 12, 14 may be configured to damp and/or reduce the
parameters so that in the higher-filtering status the reduced and/or damped parameters
are less damped (e.g., more distant from 0) and/or less reduced than in the lower-filtering
status (e.g., close to 0).

The first filtering unit 12 may be configured to scale (e.g., downscale) the parameters
using a first damping factor or scaling factor, and/or the second filtering unit 14 may be
configured to scale (e.g., downscale) the parameters using a second damping factor or
scaling factor. The first damping factor or scaling factor and/or second damping factor or
scaling factor may be closer to 0O in the lower-filtering status than in the higher-filtering
status.

The first and/or second filter unit 12, 14 may be configured to damp and/or reduce and/or
downscale the parameters so that the parameters are damped and/or reduced by first
damping factors and/or scaling factors which are closer to 0 in the lower-filtering status
than in the higher-filtering status.

The first filter unit 12 may be configured to change the parameters from the higher-filtering
status to the lower-filtering status by gradually damping and/or reducing the parameters
associated to the preceding update interval, and/or the second filter unit 14 may be
configured to change the parameters by gradually increasing and/or enlarging from
parameters close to 0 to the parameters associated with the current update interval.
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The first filter unit 12 may be configured to change the parameters from the higher-filtering
status to the lower-filtering status by using decreasing damping factors and/or scaling
factors (e.g., by using damping factors and/or scaling factors which, e.g. gradually, go
towards 0). The second filter unit 14 may be configured to change (e.g., gradually) the
parameters from the lower-filtering status to the higher-filtering status by enlarging (e.g.,
gradually) damping factors and/or scaling factors (e.g., by using damping factors and/or
scaling factors which, e.g. gradually, depart from Q).

The first filter unit 12 may be configured to change the parameters from the higher-filtering
status to the lower-filtering status by applying a decreasing windowing function to the
parameters (e.g., a windowing function which goes towards 0, e.g. gradually), and/or the
second filter unit 14 may be configured to change the parameters from the lower-filtering
status to the higher-filtering status by applying an enlarging windowing function to the
parameters (e.g., a windowing function which departs from 0, e.g. gradually).

The parameters may be provided, for example, as control data in the input signal 11. The
filters may be, for example, Liner Time Invariant (LTI) Infinite impulse response (lIR) filters
(e.g., for LTP postfiltering). The parameters may be or comprise, for example, gain
information and/or pitch information.

In particular, the first and second filter units 12 and 14 may be part of an LTP filter (or
posffilter), e.g., at a decoder (e.g., an audio decoder). For example, the parameters may
be obtained from harmonicity-based measurements. For example, the parameters may be
based on a pitch lag T, on an integer part Tin of the pitch lag, on a fractional part Tr of a
pitch lag, andfor on a gain g, as obtained, for example, at an audio decoder. The
parameters may be associated, for example, to an update interval (which in some
examples is a frame of a fixed length or may have an adaptive length).

Each of the first and second filter unit may therefore be associated to particular
parameters and/or to a particular transfer function. In particular, the transfer function may
be of the type having a numerator and a denominator, wherein the numerator comprises a
gain value indicated by the gain information, and wherein the denominator comprises an
integer part of a pitch lag indicated by the pitch lag information and a multi-tap filter
depending on a fractional part of the pitch lag. For example, a transfer function may be:



10

15

20

25

30

WO 2019/092220 PCT/EP2018/080837
17

1 afgB(z0)

H(z) = 1 . ﬁgB(Z, Tfr)zmTi?w

whose parameters may be determined from parameters estimated at the encoder-side
and/or decoded from a bitstream. g may be the decoded gain, Ty, and Ty, integer and
fractional part of a decoded pitch-lag, a and B two scalars that weight the gain, and
B(z,Ts) a low-pass FIR filter whose coefficients depend on the fractional part of the
decoded pitch-lag. The order and the coefficients of B(z, Tfr) can also depend on the

bitrate and the output sampling rate. A different frequency response can be designed and
tuned for each combination of bitrate and output sampling rate. An example of the transfer
function 130 is provided in Fig. 13 (other types of filters and/or transfer functions are

notwithstanding possible).

Notably, parameters and the transfer function may change for each update interval (which
may be one frame according to which the original signal may be subdivided). Therefore,
the k™ update interval may be associated to an Hk(z) transfer function and parameters
such as Tk, Trrk, gr, While the (k-1)" update interval may be associated to an H«1(z)

transfer function and parameters such as Tine -1, Tyr k-1, gk-1- Therefore, at the k" frame
or update interval, the first filter unit 12 may operate using the old parameters Tine k-1,
Ter k-1, Jk-1, While the second filter unit 14 may operated using the updated parameters
Tintkr Trrir k- This process may be performed for at least the initial subinterval (or, in

some examples, for the 100%) of the k" updated interval.

More in general, each or at least one of the filters at elements 10 and 12 may be an LTI
IIR filter (which may also be represented as H(z)) represented in the form:

— 1+ Z?x[}biZMi
H(z) = —5 =
1+ 2j=16;2 j

or using a linear difference equation:

P Q
y[n] = x[n] + Z bix[n —i] — Z ajy[n -1
=0 =1

The coefficients b; and a; may be filter parameters. Notably, the coefficients b; and a; may

vary, in general, for different frames and/or update intervals.



10

15

20

25

30

35

WO 2019/092220 PCT/EP2018/080837
18

It has been noted that the filtered signal 15 results in a smooth transition between the
preceding (k-1)"" update interval and the current k" update interval. Discontinuities

between different update intervals are therefore avoided and/or reduced.

Moreover, the processes to perform the filtering functions have a particularly reduced

complexity.
This kind of system may be used, for example, for a long term post filter (LTPF).

The first and second filter units 12 and 14 may be considered as being connected in

series (or cascade, or “one after other”).

Fig. 1a shows a variant 10’ of the system 10 in which the first filter unit 12 and the second
filter unit 14 may be bypassed at selectors 16 and 17, respectively. The selectors 16 and
17 may be controlled, for example, by parameters (in Fig. 1a there is shown that an

external condition may cause the bypass of a filter unit).

Fig. 2 shows a system 10 which may implement the system of Fig. 1 (also the variant 10’
is possible, even if the bypass connections of Fig. 1a here not shown in Fig. 2 for the sake
of clarity). The information regarding the current k' update interval of the information input
signal (first filter input signal) 11 may comprise a signal representation 11a (e.g., actual
values of samples in different instants in the time domain which constitute “x”) and control
data 11b (which may be, for example, encoded in a bitstream and transmitted from a
transmitter or is stored in a memory). The control data 11b may comprise parameters
associated to the filtering at the k™ frame or update interval (e.g., estimated pitch lag
and/or gain values or similar values or processed versions thereof). The parameters for
the current k' frame or update interval may be stored in the parameter storage element
21a (e.g., a memory unit, such as a register). A parameter storage element 21b may
contain the parameters of the preceding (k-1)" frame or update interval. The arrow 21’
refers to the fact that the parameters for a preceding (k-1)" frame or update interval
(previously stored at the storage element 21a) become “parameters of the preceding
frame or update interval’ and are stored at the storage element 21b when the new k"
frame or update interval is processed.
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The parameters stored in the storage element 21b (which had been prepared for the
preceding (k-1)" frame) may be applied to a first filtering portion 22 (which may implement
functions of the first filter unit 12) for at least the initial subinterval of the current k™ frame
or update interval. The parameters stored in the storage element 21a (prepared for the
current k" frame) may be applied to a second filtering portion 24 (which may implement
functions of the second filter unit 14) for at least the initial subinterval of the current k"

frame or update interval.

However, the parameters stored in the storage element 21b (originally prepared for the
preceding (k-1)" update interval) may be changed, e.g., by a block 23b, to cause the first
filtering portion 22 to move (e.g., gradually, e.g., monotonically) from a higher-filtering
status to a lower-filtering status within the initial subinterval of the current k' update
interval. For example, the parameters may be scaled (e.g., downscaled, damped) using a
damping factor which goes to 0, e.g., a decreasing damping factor (e.g., damping by
muiltiplication). Block 23b may apply a windowing function. The windowing function may
change towards O and/or decrease in at least the initial subinterval (e.g., from a highest
positive value, e.g. 1, at the first sample of the k" current update interval, to a lowest
value, e.g. 0, at the last sample of the at least initial subinterval).

For example, the reduction of the filtering effect (e.g., from the higher-filtering status to the
lower-filtering status) may be obtained by gradually reducing the damping factor (e.g.,
from a maximum value, e.g. 1, to a minimum or negligible value, e.g. 0). When the
damping factor is negligible (or 0), the parameters are modified to a negligible (or 0) value
and the output 13 (y') of the first filtering portion 22 is almost similar to (or the same of) the
information input signal 11 (x).

The parameters stored in the storage element 21a (associated to the current k" frame or
update interval) may be changed by a block 23a to cause the second filtering portion 24 to
move (e.g., gradually, e.g., monotonically) from a lower-filtering status to a higher-filtering
status within at least the initial subinterval of the current k* frame or update interval. For
example, the parameters may be scaled (e.g., downscaled, damped) by an increasing
damping factor (e.g., by multiplipation), which may enlarge from 0 or a value close to 0 to
a value more distant to 0. Block 23a may apply a windowing function. The windowing
function may increase or otherwise change (e.g., from a lower-filtering status towards a
higher-filtering status) from an initial time instant of the initial subinterval to a final time
instant of the initial subinterval (e.g., from a value close to 0 to a value more distant from
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0, and/or from a lowest value at the first sample of the initial subinterval to a positive
highest value, e.g. 1, at the last sample of the initial subinterval of the k" current frame or

update interval or at the last sample of the frame or update interval).

For example, the increase of the filtering effect (e.g., from a lower-filtering status towards
a higher-filtering status) may be obtained by gradually enlarging from O or a value close to
0 to a value more distant from 0, e.g., by enlarging or increasing (e.g., monotonically or
strictly monotonically) the damping factor (e.g., from a value close to 0 to a value more
distant from 0, and/or from a minimum or negligible value, e.g. 0, to a maximum value,
e.g. 1). When the damping factor is negligible (or 0), the parameters are modified to a
negligible (or 0) value and the output of the second filtering portion 24 is almost similar to
(or the same of) its input (which is the intermediate signal y’ or 13).

In examples, the parameters for the first and/or second filter units 12, 14 may be modified
during the succession of the samples of at least the initial subinterval, by factors (e.g., the
scaling factors of blocks 23a, 23b) which are complementary with each other to a constant
value (e.g., a positive value, such as 1), so that their sum is constant. In examples, the
variation of the factors may be linear (e.g., describable with a 1%-degree equation).

In examples, the first filtering portion 22 and the second filtering portion 24 may share the
same hardware/software structure, whose output changes only by virtue of the input of
different inputs and/or parameters and/or factors.

Notably, the parameters may be associated, in the storage elements 21a and 21b, to a
particular length of the subinterval or to the 100% of update interval. Therefore, it may be
known which percentage (or in any case which portion) of the update interval or frame is
to be smoothed. In some cases, a user selection (e.g., set during a configuration session)
may define the length of the at least a subinterval.

Fig. 3 shows a system 30 which may comprise a filtering section 10 (or 10, even if the
bypass connections are not shown in Fig. 3) for the at least initial subinterval and a
filtering section 31 for the subsequent subinterval (where the double-filtering technique of
Figs. 1 and 2 is used in the 100% of the update interval, the “filtering section for the
subsequent subinterval” does not operate). The filtering section for the initial subinterval
may be the same of the system 10. The filtering section 31 for the subsequent subinterval
may be configured for filtering the signal in the current k™ update interval after the end of
the part filtered by the filtering section 10 for at least the initial subinterval (which may be
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the subsequent interval following the initial subinterval). The filtering section 31 for the
subsequent interval may be a third filter lacking of damping parameters. Therefore, the
third filtering section 31 may simply apply the parameters originally prepared for the

current update interval.

A selector 32 may monitor the information input signal 11 and change between the use of
filtering section 10 for the initial subinterval and use of the filtering section 31 for the
subsequent interval. Notably, the filtering section 31 for the subsequent interval (third
filter) may be made of structural and/or functional blocks used for the first and/or second
filters 12 and 14.

In addition or in alternative, the selector 32 may decide if, during the initial subinterval, the
filtering section 10 (with the first and second filters 12, 14) is to be used for the initial
subinterval or if the filtering section 31 is to be used for at least the initial subinterval
(besides using the filtering section 31 for the subsequent subinterval, in case). The
decision may be based on particular conditions, which may, for example, be based on the
parameters (e.g., on comparisons between parameters’ values associated to the current
update interval and parameters’ values associated to the previous update interval). Some
examples of this decision are provided in following passages.

The filters at elements 22, 24, and 31 may be LTP postfilter as discussed above or more
in general LTI lIR filters (which may also be represented as H(z)) and can be presented in
the form:

1+ 30 bz
H(Z)ﬁmégo —
14 22, 827

or using a linear difference equation:

P Q
yln] = x{n] + Y byxin =1 = )" ayyln ]
i=0

j=1

The coefficients b; and a; may be filter parameters. Fig. 10 shows the update interval T in

association with a filter Hk (e.g., at the current k' update interval) and a preceding interval
in association with the filter Hc1 (e.g., at the previous (k+)" date interval). Notably, Fig. 11
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shows the update interval (or frame) T, initial subinterval T, in which both the filters are
used, and the subsequent subinterval T, = T — Ty, in which only the filtering section 31 for
the subsequent interval is used. (In the examples in which the 100% of the update interval
(or frame) T is filtered twice by elements 12 and 14, it may be understood that T = T, i.e.,
the subinterval is the same as the interval and the subsequent interval does not exist.)

We consider a time varying filter that is in update interval k equal to the LTI IR filter Hy
(which may be an LTP postfilter):

1+ Tizobyiz™
1+ E&I ak,jz*j
Q

p
y[n] = x[n] + Z byix[n —1i] — Z ag;yln —jL,kT<sn< (k+ 1T
=0 =1

Hy(z) =

where T relates to the update interval (and may consist in a discrete number of samples)
and k is its index, k-1 being associated to the preceding (k-1)"" update interval. The third
filtering section 31 may be of this type. P and Q may be specific to the filter (e.g.,
feedforward filter order and feedback filter order, respectively). Q may be for example
related to the maximum possible value for T;,,;.

The first filter elements 12 and/or 22 may output an intermediate signal y’ in the form:
Q

P
y'[n] = x[n] + si_1[n] (Z bg-1,x[n —i] — Z ap-1,;¥'[n —j]),kT <Sn<kT+T,
=0

J=1

where sy_;[n] changes towards 0 whenn increases for kT ~T,<n < (k+ 1T

n—kT
!

e.g. Spqln]l =1~ KT <n <kT+T;

where T, relates to the initial subinterval.

The second filter elements 14 and/or 24 may output a filtered output signal y in the form:

P Q
yn] = y'[n] + sin] (Z bey'fn—11= ) agln -—ﬂ) KT < <KT+T,

i=0 j=1
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n—kT
Sk[n] = Tl = l—sk_l[n],kTSn<kT+Tl

Notably, the filtered output value y[n] has an input based on the intermediate filter output

y'[n] provided by the first filter.

Fig. 4 shows a system 40 as a modification of the system of Fig. 2. A selector (not shown)
may change from the use of a first mode in which the initial subinterval (T;) is filtered (as
by system 10) and the use of a second mode in which the subsequent subinterval of the
current update interval is filtered. As represented by the deviator 41a and the switch 41b,
after having filtered the information input signal x at the initial subinterval as in Fig. 2, the
first filtering portion 22 may be bypassed by deviator 41a. Accordingly, the second filtering
portion 24 may be directly fed with the representation 11a of the information input signal x.
As represented by the deviator 41c, the parameters stored in the storage element 21a
may be directly used at the second filtering portion 24 without being damped, ie.,
bypassing the block 23a. In Fig. 4, therefore, the role of the third filter unit 31 for filtering
the subsequent interval of the current interval is taken by the second filtering portion 24.
(in the examples, in which the 100% of the update interval is filtered twice by elements 22
and 24, the deviators are always in the same status of permitting both the elements 22
and 24 to perform the filtering.)

Fig. 5a shows a system 50. The system 50 may comprise a first filter unit 51 (which may
be, for example, the unit 12 configured as in Fig. 1 or 1a), a second filter unit 52 (which
may be, for example, the unit 14 configured as in Fig. 1 or 1a), and/or a third filter unit 53,
and/or a fourth filter unit 54 (which may be optional). In examples, some of these filter
units may be the same (e.g., obtained with the same hardware) and be distinguished from
each other only by the input and/or the parameters. A selector 55 may direct the signal
representation 11a of the information input signal 11 to any of the filter units 51-54 on the
basis of the values of the signal representation 11a and/or the control data 11b.

In some examples, the first, second and third filter units 51, 52, and 53 are obtained as in
Fig. 4. Therefore, second filter unit 52 may also perform the activities of the third filter unit
53.

The first filter unit 51 may implement the first filter unit 12 and/or the first filtering portion
22 and be used for filtering the initial subinterval of a current k™ update interval with
parameters (originally associated to the preceding (k-1)" update interval) which move from
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a higher-filtering status to a lower-filtering status. The second filter unit 52 may implement
the second filter unit 14 and/or the second filtering portion 24 and be used for filtering the
initial subinterval of the current update interval with parameters (actually associated to the
current k" update interval) which move from a lower-filtering status to a higher-filtering
status. The third filter unit 53 may implement the third filtering section 31 for the
subsequent interval of the current update interval.

The fourth filter unit 54 may implement a filter for filtering the initial subinterval of a current
k'™ update interval with parameters obtained by interpolating the parameters for the
preceding (k-1)" update interval and the parameters for the current k' update interval.

The selector 55 may operate:

- in the initial subinterval (T}), by choosing among:
o a filtering operation based on the combined action of the first filter unit 51
and second filter unit 52;
o afiltering operation based on the third filter unit 53; and
o afiltering operation based on the fourth filter unit 54;

- in the subsequent interval, by using the third filter unit 53,

With reference to the decision for the initial subinterval, the selector 55 may operate, for
example, by using a first and/or one second threshold and/or conditions(e.g., conditions
on the gain of the signal in subsequent update intervals). For example, the selector 55

may choose:

o the combined action of the first filter unit 51 and second filter unit 52 when
the distance between the parameters of the current k" update interval and
those of the preceding (k-1)" update interval is high, e.g., over a second
threshold;

o the action of the fourth filter unit 54 only when the distance between the
parameters of the current k' update interval and those of the preceding (k-
1) update interval is smaller (e.g., under the second threshold); and/or

o the action of the third filter unit 53 only when the distance between the
parameters is less than a first threshold (which may be less than the
second threshold) and/or when the parameters of the current k" update
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interval are the same of the parameters of the preceding (k-1)"" update

interval.

The second threshold may be actively set, for example, as the minimum between the
integer part of the pitch lag at the current update interval and the integer part of the pitch
lag at the previous update interval.

In addition or in alternative, it is also possible to use a condition based on the gain of the
signal at the previous update interval, so as to use the fourth filter unit 54 when the
distance between the gain at the determined (current) update interval and the gain at the
previous update interval is less than the first and/or second threshold. Accordingly, the
second threshold as well as the condition on the gain may be modified in real time, e.g., to
obtain a better filtering behaviour.

Fig. 5b shows an implementation for LTP postfilter in which the fourth filter 54 is not used
(it may comprise, for example, the units 12 and 14 configured as in Fig. 1 or 1a).

Fig. 6 shows a method 60 in which “Ul” refers to an “update interval’ and “SI" to a
“subinterval”. According to the method 60, an information input signal 11 (x) may be
obtained (e.g., from an encoder). In particular, the signal 11 may comprise a signal
representation 11a (associated, for example, to an audio signal to be filtered) and control
data 11b (which may comprise, for example, filter parameters associated to a current
update interval).

At step S61, an input information signal (e.g., x, 11) may be obtained for a (determined)
current k' update interval together with parameters associated to the current k™ update

interval.

Then, first filter operations 61 may be performed (e.g., by any of the components 12, 22,
51) for the initial subinterval of the current k™ update interval, by cycling the value (index)
n among a plurality of samples of the initial subinterval. At S611, the first sample of the
initial subinterval may be taken into consideration by initializing the variable n (as n=0). At
S$612, an intermediate value y'[n] is obtained using parameters associated to the
preceding (k-1)" update interval. At 613 (“last sample of the initial S177), it is checked
whether n has reached the value associated to the last sample of the initial subinterval
(e.g., it is checked whether n is the last index of the initial subinterval). If n has reached
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the last value (index) of the initial subinterval, the first filter operations 61 are concluded
and the second filter operations 62 are initiated. Otherwise, at S614 (‘change the
parameters along the initial S! of the current k'™ Ul from a higher-filtering status to a lower-
filtering status”), the parameters are changed so as to move from a higher-filtering status
to a lower filtering status (e.g., by reducing the factors at block 23b of Fig. 2). At $615, a
new sample is taken into consideration (by updating the index, e.g., by n=n+1) and step

$612 is repeated for the new index n.

The second filter operations 62 may be performed (e.g., by any of the components 14, 24,
52) for the initial subinterval of the current k' update interval, by cycling the value (index)
n among a plurality of samples of the initial subinterval. At $621, the first sample (of r
n=0) of the initial subinterval may be taken into consideration by initializing the variable n
to 0. At 8622, a filtered output value y[n] is obtained using parameters associated to the
current k' update interval. At $623 (“last sample of the initial S1?"), it is checked whether
the index n has reached the value associated to the last sample of the initial subinterval
(e.g., it is checked whether n is the last index of the initial subinterval). If the index n has
reached the last value of the initial subinterval, the second filter operations 62 are
concluded and the third filter operations 63 are initiated. Otherwise, at S624 (“change the
parameters along the initial SI of the current k™ Ul from a lower-filtering status to a higher-
filtering status”), the parameters are changed so as to move from a lower-filtering status to
a higher filtering status (e.g., enlarging the values from Q or a value close to 0 to a value
more distant from 0, e.g. by increasing the values of the factors at block 23a). At 5625, a
new sample is taken into consideration (n=n+1) and step 5612 is invoked.

The third filter operations 63 are performed (e.g., by any of the components 31, 24, 53) for
the subsequent (e.g., final) subinterval of the current k™ update interval, by cycling the
value (index) n among a plurality of samples of the subsequent interval. At S632, 3 filtered
output value y[n] is obtained using parameters associated to the current k™ update
interval. At 633, it is determined whether the index n has reached the value associated to
the last sample of the current k™ update interval (e.g., it is checked whether if n is the last
index of the update interval). If n has reached the last value of the update interval, the
third filter operations 63 are concluded. Otherwise, at S635, a new sample is taken into
consideration (e.g., by updating the index by n=n+1) and step S632 is repeated with the
new index n.
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At the end of the method, all the values y[n] of the filtered output signal have been
obtained. The value of the index k may be updated at S64. Step S61 may be invoked

again for a (k+1)" update interval.

It is noted that it is not strictly necessary for step S61 to be after any of steps S611-S63. In
some examples, the information input signal at a current k' update interval may also have
been obtained during the processing of the operations 61-63. In examples, the information
input signal at a current k™ update interval may have been obtained a priori.

In the examples in which the first and second filtering operations are performed for the
100% of the update interval, the third filtering operations 63 are not performed.

Fig. 7 shows a method 70 (“UI" refers to an “update interval” and “SI" to a “subinterval’).
The method 70 may comprise a step S71 (“Obtain information input signal x at k" Ul and
parameters associated to the k™ UI") in which, for the current k™ update interval, the signal
x and the parameters associated to the signal x at the current k™ update interval are
obtained.

At step S72 (“Are parameters for k™ Ul and those for the (k-1)" Ul the same or is their
distance within a first threshold?”), a first comparison is performed: the parameters for the
current k™" update interval are compared to the parameters for the preceding (k-1)"" update
interval (e.g., by selector 55). If the parameters are the same or a distance between a
parameter of the k™ update interval and a parameter of the (k-1)" update interval is within
a first (low) threshold, at S73 (“Perform third filtering operations 63 without damping
coefficients along the whole k™ UI") third filtering operations 63 are performed using, for
the current k™ update interval (both the initial subinterval and the subsequent subinterval),
the parameters associated to the current k™ update interval (as these parameters are the
same or almost the same for the two consecutive update intervals, it is not necessary to
damp or smooth them: therefore, it is possible to apply the third filter 31 or 53 to the whole
update interval, without distinguishing the initial subinterval from the subsequent
subinterval). Subsequently, at S77, the value of k is updated and the new (k+1)" update
interval may now be filtered. This decision may be taken, for example, by any of the
selectors shown in Figs 4 and 5. for example.

If the distance between the parameters is over the first threshold, a second check may be
performed: for example, at S74 (“Is the distance between parameters for k™" Ul and those
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for the (k-1)" Ul within a second thresholds? g«=0 or g«.«=0?") the parameters for the
current k' update interval are compared to the parameters for the preceding (k-1)" update
interval (e.g., at selector 55). The parameters checked at S74 may also be different from
those checked at S72. If the distance between the parameters for the current k' update
interval and those for the preceding (k-1)"" update interval is within a second threshold
(which may be higher than the first threshold), at S75 (‘Perform fourth filtering operations
interpolating the parameters”) a fourth filtering operation (e.g., by the fourth filter unit 54)
may be operated at the initial subinterval of the current k™ update interval. In this case, the
parameters to be applied to the initial subinterval may be obtained by interpolating (and/or
averaging) the parameters for the preceding (k-1)" update interval and those for the
current ki update interval. After that, a third filtering 63 may be operated at S75' (“3"
filtering on the subsequent SI") for the subsequent interval. Subsequently, at S77
(“k=k+1"), k is updated and the new (k+1)" update interval may now be filtered.

If at S74 it is verified that the distance between the parameters for the current k' update
interval and those for the preceding (k-1)" update interval is over the second threshold, at
step S76 (“Perform first and second filtering operations 61 and 62 on the initial Si of the k™
Ul and perform the third filtering operations 63 on the subseguent Si of the k" UL") the first,
second, and third filtering operations 61, 62, 63 may be operated (e.g., by the elements
12, 14, 22, 24, 31, 51, 52, and/or 53): therefore, the first subinterval of the current update
interval may be first filtered by any of 12, 22, 51, and/or 61 and then by any of 14, 24, 52
and/or 62, and the subsequent subinterval is filtered using any of 31, 53, and/or 63.
Subsequently, at $77, k is updated and the new (k+1)" update interval may be filtered.

In examples, at least another condition may be set, in addition or in alternative (in some
cases, at step S74). In some examples it is provided that, in order to initiate step 576, the
condition has to be verified. In examples, the condition at S74 may comprise at least one
of:

- If the gain of the determined (current) update interval is zero (g=0), then the first
filter is used, the second filter is not used and third filter is not used (and, where
provided, the fourth filter is not used).

- If the gain of the previous update interval is zero (g«.1=0), then the first filter is not
used, the second filter is used, the third filter is used (and, where provided, the
fourth filter is not used).

- If both the gains of the previous and the current update intervals are different from
zero (gr.1#0 and gk#0) then what is used is dependent on other parameters (e.g.,
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we may look, in some examples, to the difference of the integer and/or fractional

parts of the pitch lags).

In some examples, step S74 may be performed before step §72.

In some examples, only one comparison is performed. Therefore, there are examples,
which do not have the steps S72 and S73 and there are examples which do not have the
steps S74 and S75.

In some examples, only one comparison is performed. Therefore, there are examples,
which do not have the steps S72 and S73 and there are examples which do not have the
steps S74 and S75.

In examples, the first and/or second threshold(s) is(are) (or other conditions on the
parameters, e.g., on the gain) for the first and/or second steps S72, S74, may be obtained

in real time, e.g., from values of the parameters.

In some examples relating to an LTP filter, a second threshold may be a pitch lag distance
threshold defined so as to use the fourth filter unit 54 (and/or interpolation) when the
distance (e.g., modulo difference) between parameters of the current k' update interval
and parameters of the preceding (k-1)" update interval is less than the minimum between
the integer part of the pitch lag associated to the k™" update interval and the integer part of
the pitch lag associated to the (k-1)" update interval. Therefore, the second comparison at
step 874 may be:

Tintse = Tintse—1] < min(Tine i Tine -1)

where Ty, and Ty, -1 are the integer parts of the pitch lag at update intervals k and k-1,
respectively. Accordingly, the second comparison at S74 may, in some examples, check if
both the two following conditions apply:

Tinege < 2Tt -1

1
Tinek > 5 Tint k-1

Hence, the second comparison at S74 be such that, in order to perform the filtering with
the fourth filter unit 54, it is necessary that the integer pitch is not increasing (from the (k-
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1) update interval to the k' update interval) for more than 100% nor decreasing for more
than 50%: i.e., that there is no pitch doubling or halving between the previous update

interval and the current update interval.

Analogously, the second comparison at S74 be such that the first and second filtering
(e.g., using any of the elements 12, 14, 51, 62, etc.) may be triggered when it is verified
that

Tt = Tinege—1] = 0In(Tine i Tinje—1)
which is how to say that at least one of the two following conditions is verified:

Tint,k 2 ZTint,k—i

1
Tintk < 5 Tint k-1,

Hence, the first and second filter units may be activated (e.g., by the selector 55) when
the integer part of the pitch lag at the current k" update interval varies extremely with
respect to the integer part of the pitch lag at the previous (k-1)" update interval.

Another condition may be set. For example, step S74 may provide that, in order to
perform the first and second filtering operations 61 and 62 (e.g., with the first and second
filter unit 12 and 14), at least one the following conditions is to be verified:

gr =0
Gk-1=10

When gy, = 0 an effect may be obtained which is the same of skipping the first filter.
When g, = 0 an effect may be obtained which is the same of skipping the second filter.
A condition may be that, if both the following conditions is verified:

gk¢0
Jre-1#0

in that case, the difference between the integer parts of the pitch lags (of the current and
the previous frames) is checked at S74 (e.g., as discussed above).
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In this example it may be seen that:

1) if the parameters between the current update interval and the preceding interval
are the same, for the current update interval it is used the same filter of the

previous update interval (third filter unit 53);

2) if the parameters of the current update interval and the parameters of the
preceding update interval are the extremely different or if at least one of the gains
is zero, it is preferable to use the first and second filters (12, 24, 14, 24, 51, 52, 61,
62),

3) if the gains of the current and the previous update interval are both different from
0, then it is determined from the pitch lag which filter should be used.

Notably, (2) increases quality as compared to (1) and (3). (2) has lower complexity then
the prior art.

In some examples, the fourth filter unit 54 is not used and, therefore, the second
verification at S74 are not performed and only a comparison with an extremely small
threshold (or a comparison on the exact value) may be performed.

Other examples (e.g., non-LTP filters) may be based on other parameters. However, the
present method performs for any IR filter.

in general terms, if there is a parameter difference, then the first and the second filter are

used. Otherwise the third filter is used in the initial subinterval.

The present solution may be used for example when LPC parameters change in a Code-
Excited Linear Prediction (CELP) codec. That way discontinuities, that exist even after
subframe based line spectral frequencies (LSF) interpolation, in CELP may be handled.
Another example where this technique can be used is filtering for formant enhancement in
CELP codecs.

Figs. 8 and 9 show elements of an encoding/decoding system(s).
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Fig. 8 shows an example of apparatus 80 for encoding an information signal in a digital

format from an audio signal 81.

The apparatus 80 may comprise, for example, an optional prefilter 81a which may be
operated, for example, as any of the systems 10, 30, 40, and 50, and which may perform
any of the methods above and/or below. In other examples, the apparatus 80 may be

avoided.

The apparatus 80 may comprise a windowing block 82. The apparatus 80 may comprise a
domain converter 83 which may convert TD (time domain) representation of the
information signal into an FD (frequency domain) representation) of the information signal.
For example, the converter 83 may be a Modified Discrete Cosine Transform (MDCT)
block or Modified Discrete Sine Transform (MDST) block 83 (or a block associated to
another lapped transformation), downstream to the windowing block 82, e.g., for a
conversion into the frequency domain (FD). The apparatus 80 may comprise a Temporal
Noise Shaping (TNS) block 84 to control temporal shape of quantization noise within a
window of a transform. The apparatus 80 may comprise a frequency domain noise shaper
(FDNS) block 85. The apparatus 80 may comprise a block 87 for obtaining FDNS
parameters downstream to the windowing block 82. The apparatus 80 may comprise a
quantization block 86 which may also include an entropy coder. The apparatus 80 may
comprise a TD/TD (Time Domain Transient Detector) block 88.

The apparatus 80 may comprise an LTP block 89 for obtaining LTP parameters (e.g.,
harmonicity information, gain information, pitch information such as pitch lag, etc.). At
least some of the parameters obtained by the LTP block 89 may be used by devices 10,
30, 40, 50, and/or by methods 60 and/or 70 for each k" update interval of the signal. For
example, the parameters for the k™" update interval may be the pitch lag and the gain
(which is some cases is optional and may be estimated at the decoder side) associated to
the signal at the k™ update interval. The operations of the LTP block 89 may be
independent from the operations of the prefilter 81a: the prefilter 81a may also not to be
present, but the LTP block 89 may operate correctly by providing parameters to the
decoder side.

The signal may be encoded by a bitstream writer 89" and may be stored in a memory
and/or transmitted to a decoder (e.g., wirelessly, e.g., using a standard protocol such as
Bluetooth).



10

15

20

25

30

35

WO 2019/092220 PCT/EP2018/080837
33

Fig. © shows an apparatus 90 for encoding signal information which may obtain a digital
audio signal (e.g., using a bitstream reader 91" transmitted from or stored by from an
encoder, such as the apparatus 80). The apparatus 90 may comprise at least one of the
elements 10, 12, 14, 20, 22, 24, 31, 40, 50, and/or implement any of methods 60 and/or
70 for each k" update interval of the signal to provide a decoded and filtered output signal
15, In particular, the apparatus 90 may comprise an LTP postfilter 91 which may
implement perform any of the filtering actions associated to elements 12, 14, 22, 24, 31,
40, 51-54, 61-63, and 70. The apparatus 90 may comprise a dequantization block 92
which may also include an entropy decoder. The apparatus 90 may comprise an FDNS
block 93, which may receive parameters from an FDNS parameter decoder 94. The
apparatus 90 may comprise a TNS block 95 downstream to the FDNS block 93. The
apparatus 90 may comprise a domain converter 96 which may convert a first domain
representation (e.g., an FD domain representation) of the information signal into a second
domain representation (€.g., a TD representation) of the information signal. The converter
96 may be an inverse MDCT or an inverse MDST block (or a block associated to another
lapped transformation) for a conversion to the time domain from the frequency domain.
The apparatus 90 may comprise a windowing and overlap and add (OLA) block 97 which
may receive parameters from the TD/TD block 88.

The LTP postfilter 91 may obtain the digital representation 11a (x) of the signal to be
filtered from the block 97, for example. The LTP postfilter 91 may obtain the coefficients
11b from the bitstream, for example.

At least one of the systems 80 and/or 90 may perform an analysis operation (e.g., at the
block 89) for obtaining the parameters associated to the k™ and/or (k+1)" update interval.
A digital input information signal x[n] (11a) may be filtered with a time varying filter, whose
parameters change at update interval T (e.g., the current k" update interval), producing
the filtered output signal y[n]. The update interval T can also be signal adaptive and thus
T can change over time. We may consider filters that can be represented as a liner time
invariant (LTI) Infinite impulse response (IIR) filter during a time interval T. Time interval T
may be the frame (e.g., the current filter discussed above) or a sub-frame of the digital
signal. We may use the term frame and/or update interval for both a frame and a sub-
frame.

The LTI IR filter (which may also be represented as H(z)) can be presented in the form:
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1+ 2{;(] bizoi

H@z) =——F——
1+ }j&i ajz”)

or using a linear difference equation:

Me

ajy[n —jl

P
yin] = x[n] + ) byxfn —i] -
=0 j=1
The coefficients b; and a; are filter parameters (e.g., parameters to be stored in memory
elements 21a and 21b, for example). The LTI IR filter may be uniquely defined by its
10 coefficients (parameters). Fig. 10 shows the update interval T in association with a filter Hg
(e.g., at the current k' update interval) and a preceding interval in association with the
filter Hy-1.

We consider a time varying filter that is in update interval k equal to the LTI IIR filter Hy:

15
14+ 35 o byiz™
Hi(@) = —=g =
1 + E]"_:i BMZ
P Q
y[n] = x[n] + mex[n —i] - Z ag;yln —il, kT €n < (k+ 1T
i=0 =1

20 Instead of instantly changing the filter parameters at border between update intervals k —
1 and k, we process a portion at the beginning of the update interval k with new set of
time varying filters:

1. If (step S72) the filter parameters are the same (of the difference is extremely
25 small), filtering with the filter H, is performed (step S73);

2. If (step S74) the distance between the filter parameters is small (e.g., within the
second threshold checked at S74), the filter parameters are interpolated (S75)
sample-by-sample and the beginning portion of update interval k is filtered using

30 the interpolated parameters;
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3. If (step S74) the distance between the filter parameters is big (e.g., bigger than the
second threshold), (step S76) the beginning portion of length T; is first filtered with
the filter H;_, (e.g., at elements such as 12, 22, 51) and subsequently by Hy, (e.g.,
at elements such as 14, 24, 52) defined by:

P Q
y'[n] = x[n] + sp_41[n] Z by x[n—i] — Z A1 =1 LET Sn <kT+ T,
i=0 j=1
n—kT
Sp-1In]=1- KT <Sn<kT+T,
P Q
ylinl = y'[n) + selnl| ) bey'ln—i1= ) ayyyln =1 | 6T Sn < kT +T,
i=0 j=1
— kT
selnl = 2o o s [T < n < kT +T,

y'[n] may be the intermediate output of the first filter unit 12 of Fig. 1, for example. sy_1[n]
may be the scaling factors of element 23b (Fig. 2) for reducing the parameter values a1,
and bk.1;i (which are stored in the storage element 21b). s, [n] may be the scaling factors
stored in element 23a for reducing the parameter values of element 23a (Fig. 2) for
reducing the parameter values ax and by (which are stored in the storage element 21b).

An example of s,[n] and s,_,[n] is provided in Fig. 11, where T refers to the current k"
update interval. The first and second filtering operations 61 and 62 may be applied to at
least the initial subinterval T}, while the third filtering operation 63 is applied to Ts. As may
be seen, in T, sy_,[n] decreases, while s,[n] progressively increases: this is because the
parameters of the previous (k-1)" update interval applied to the input signal are
progressively decreased, while the parameters of the present k™ update interval T are
progressively increased to a maximum value which, at the subsequent interval Ts, is
constant. Accordingly, it is possible to obtain a smooth transition from the (k-1)" update
interval to the k" update interval.

In Fig. 11 it is also possible to see where the third filtering 62 (e.g., operated by the third
unit 563) may be implemented. The third filtering may be defined by:
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P Q
y[n] = x[n] + 2 byx[n—i] — Z apyin—jl,kT+ Ty <n< k+1DT
{=0 j=1

The system as described in [3] may be used as a basis, including Time Domain Transient
Detector (TD TD), Windowing, MDCT, TNS, FDNS, OLA, Quantization, Arithmetic Coder
and LTP postfiltering (see blocks 82-89 and 92-97 above). The modification may be
realized in the LTP postfilter and thus the details of the LTP will be described.

In general terms, the LTP may be seen as a harmonic post-filter for filtering a
representation of an information signal. It may be based on a transfer function comprising
a numerator and a denominator, wherein the numerator may comprise a gain value
indicated by the gain information, and the denominator may comprise an integer part of a
pitch lag indicated by the pitch lag information and a multi-tap filter depending on a
fractional part of the pitch lag. In examples, the transfer function of the post-filter
comprises, in the numerator, a further multi-tap FIR filter for a zero fractional part of the
pitch lag. In examples, the denominator comprises a product between the multi-tap filter
and the gain value. In examples, the numerator may further comprise a product of a first
scalar value and a second scalar value, wherein the denominator comprises the second
scalar value and not the first scalar value, wherein the first and second scalar values are
predetermined and have values greater than or equal to 0 and lower than or equal to 1,
and wherein the second scalar value may be lower than the first scalar value.

An example of LTP filter is provided hereinbelow (see also Fig. 13).

At the encoder side (e.g. apparatus 80), LTP parameter calculation may be used as
described in [14];

1. Pitch estimation
One pitch lag (integer part + fractional part) per frame is estimated (frame size e.g. 20
ms). One frame may be, for example, one update interval. This may be done in two
steps to reduce complexity and improves estimation accuracy.
a. First Estimation of the integer part of the pitch lag
A pitch analysis procedure that produces a smooth pitch evolution contour
is used (e.g. Open-loop pitch analysis described in [15], sec. 6.6). This
analysis is generally done on a subframe basis (subframe size e.g. 10 ms),
and produces one pitch lag estimate per subframe. Note that these pitch
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lag estimates do not have any fractional part and are generally estimated
on a downsampled signal (sampling rate e.g. 6400 Hz). The signal used
can be any audio signal, e.g. the input signal or an LPC weighted audio
signal as described in [15], sec. 6.5.

b. Refinement of the integer part of the pitch lag
The final integer part of the pitch lag is estimated on an audio signal x(n]
running at the core encoder sampling rate, which is generally higher than
the sampling rate of the downsampled signal used in a. (e.g. 12.8kHz,
16kHz, 32kHz...). The signal x[n] can be any audio signal e.g. an LPC
weighted audio signal.

The integer part of the pitch lag is then the lag d,, that maximizes the

autocorrelation function

N

c@) = z x[nlx[n — d]

n=0

with d around a pitch lag T estimated in step 1.a.
T—8;<d<sT+6,

c. Estimation of the fractional part of the pitch lag
The fractional part may be found by interpolating the autocorrelation
function €(d) computed in step 1.b. and selecting the fractional pitch lag
which maximizes the interpolated autocorrelation function. The interpolation
can be performed using a low-pass Finite impulse response, FIR, filter as
described in e.g. [15], sec. 6.6.7.

2. Gain estimation and quantization

The gain may be estimated on the input audio signal at the core encoder sampling
rate, but it can also be any audio signal like the LPC weighted audio signal. This signal
is noted y[n] and can be the same or different than x[n].

The prediction yp[n] of y[n] may be first found by filtering y[n] with the following filter
P(z) = B(z, Ty )z Tint
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with Ty, the integer part of the pitch lag (estimated in 1.b.) and B(z, Ty, ) a low-pass
FIR filter whose coefficients depend on the fractional part of the pitch lag T,

(estimated in 1.¢.).

One example of B(z) when the pitch lag resolution is %:

Tpr = % B(z) = 0.0000z7% + 0.2325z7* + 0.53492° + 0.2325z2*
Ter = ;i— B(z) = 0.0152z7% + 0.3400z7 ! + 0.5094z° + 0.1353z"
Tpp = % B(z) = 0.0609z7% + 0.4391z™ 4+ 0.4391z° + 0.0609z?
Ter = -j; B(z) = 0.1353z7% + 0.5094z7* + 0.34002° + 0.0152z*

The gain g is then computed as follows:

_ Y=o ylnlyp(n]
YRz velnlyeln]

and limited between 0 and 1.

Finally, the gain is quantized e.g. with two bits, using e.g. uniform quantization.
The LTP postfilter from [14] may be used (an example of the transfer function is
provided in Fig. 13.):

1~— afgB(z,0)
1—pgB(z,Tsp)z Tint

H{z) =

whose parameters are determined from the parameters estimated at the encoder-side
and decoded from the bitstream. g is the decoded gain, T;,, and Ty, the integer and

fractional part of the decoded pitch-lag, @ and g two scalars that weight the gain, and
B(z,Ts,) a low-pass FIR filter whose coefficients depends on the fractional part of the
decoded pitch-lag. The order and the coefficients of B(z, Tfr) can also depend on the

bitrate and the output sampling rate. A different frequency response can be designed
and tuned for each combination of bitrate and output sampling rate.
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Difference in the LTP postfilter to [14] may be the transition from one frame to the next.

LTP postfilter used in the end portion of the frame k — 1 is Hy_4:

1- Q’ﬁgkle(Z, U)

Hy_4(z) = L :
(@) L= BYi-1B(2, T 1)z intk=1
2 2
5 yln] = x[n] — Bgr-1 (CX Z blx[n—i] — Z bi(Trrpe-1)¥ [ — Tine k-1 — 1]
i=—1 j=-1

and in the end portion of the frame k is Hy:

1— afgyB(z,0)

) = B G, Ty T
2 2
10 ylnl = x[n] - Bgu (“ Z bPx[n — i} - Z b (Trrj [N = Tine "f])

{=—1 j==1
b, 0.0000
bg 0.2325
by 0.5349
b9 0.2325

With b;(T§,) defined in the following table:

T 0/4 % 2/4 3/4
b_1(Tr) 0.0000 0.0152 0.0609 0.1353
bo(Trr) 0.2325 0.3400 0.4391 0.5094
by (Trr) 0.5349 0.5094 0.4391 0.3400
by (Trr) 0.2325 0.1353 0.0609 0.0152

15
In the beginning portion of the frame k (current k' frame or update interval) there may be

three possibilities:

1. (step S73). I parameters are the same, namely: gy = gy—1, Tinek =

20 Tintie-1: Trre = Tpre—1, the beginning portion of the frame k is filtered with Hy;
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2. (step S75): If the difference between parameters is small, for example |Tmt,,c -
Tintie=1] < Min(Tineger Tine-1)  aNd gk = Gre—1] < max(gy, gx-1), the beginning
portion of length L of the frame k is filtered with the time varying filter using
interpolated parameters:

yI[n] = x[n] - n]( Z bx[n —i] — Z bj(Tf,r,k[n])y[n— Tinexlnl —j]>
i=—1 j==1

n n

gilnl = (1 "Z) Gr-1+ 7 9k

Ti-1 = Tint -1 + Tpr-1/4
Ty = Tinge + Trrp/4

Tyln} = (1- %) Tyoy + %Tk
Tt [n] = T [n]]

Tf,r,k [ ] Tk [n] Lnt k [n]
0<n<Ll

3. (step §576): If the difference between the parameters is big, the beginning portion
of length L of the frame k is first filtered with the filter H_:

y'[n] = x[n] - (1 g 39k 1( Z box[n —i] Z bj(Tfr,k—l)y,[n = Tint k-1 "j] )

i==1 J=—1
0<n<lL
and subsequently by Hy:

2 2
y[n] = x[n] “‘“%ﬁgk (a Z bly'[n—i] - Z bi(Teri )y = Tinew — J] )

=1 j=1

0<n<lL

For cases where complexity is more important than the quality, the 3. possibility is used
whenever at least one of g, # gx_1, Tinex # Tintk-1, Trrk # Tpri—1 1S satisfied. Some of
these conditions may be more important than some other ones, according to specific
examples. In some examples, the difference in the pitch is the most important condition to
be verified, for the choice between the 2. and 3. possibilities.
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An example of the applications of the equations above for LTP postfilter is provided below
with reference to Fig. 7a and method 700. The parameters may comprise the gain gk, the

integer part of the pitch Ttk and the fractional part of the pitch Trk. In some of these

examples, the selector 55 may operate so that:

If g1 (gain) is zero and g is also zero (5702), then there is no filtering (8704),

because:;

y'In) = xfn] —{+~ ) Bgrmrlo i b~ ~ 52 byl Tl e~
T = x[n],

by virtue of g,,_, = 0; and

yln] = x[n] ~ 2B gufeSiarhlytin—i

by virtue of g, = 0;

(with reference to Fig. 1a, both the first and second filter units 12 and 14 may be
bypassed)

If g«-1=0 and gi#0 (S7086), then (S708)
o there is no first filtering, because y'[n] = x[n] —{1—-

i 2 9 g 2
I > Y b% %{? E"‘“““{’j} - g‘j‘&MW

by virtue of g,_, = 0;

o there is second filtering in T} in the form of y[n] = x[n] —
ZBak(a i1 b0y In = i1 = B3 by(Trr [0 = Tinesc — J])
o there is third filtering in the subsequent subinterval T, (where T;# T ) in the

form of
 y[n] = x[nl = Bgi(a Zio_y bx[n — i] = X3y by(Tpri)y[n = Tiner — J])
(with reference to Fig. 1a, only the first filter unit 12 is bypassed);

If gi1#0 and g=0 (S710), then (S712)



10

15

20

25

30

WO 2019/092220 PCT/EP2018/080837
42

o there is first filtering in T, in the form of y'[n] = x[n] — (1 -
%) :ng—l(a Z?=—1 blpx[n —i] - 2?:-1 b; (Tfr,k—1)y([” ~ Tintk-1 _j] )
o there is no second filtering, because y'[n] = x[n] —-(—L——

5} B grerla g ble b — it~ S b Py fr—Fomrremr—i1-= xIn),
by virtue of g, = 0;

o there is no third filtering, because
yn] = x[n]—BgeteSi=rblx
x[n],

by virtue of g, = 0;

- (with reference to Fig. 1a, only the second filter unit 14 is bypassed);

- If gk1#0 and g0 (714), then the difference of the integer and fractional part of the
pitch lag are examined (S716, “Tinx=Tintk-1 and Trk1=Trk?"):
o Ifthe integer and fractional part of the pitch lag in k-1 and k are the same
(Tint=Tintk and Tix1=Try) then (8718):
= there is no first filtering nor second filtering by virtue of a selection
operated by the selector (e.g., at step S72);
= there is third filtering along the 100% of the update interval T, in the

form of y[n] = x[n] — Bgi(a Ti_1 b x[n — i] = Z3-_1 bj(Tpr)y[n —

Tint.k _J]):
o else if there is a difference in the integer or in the fractional part of the pitch
lag (8720):

» there is first filtering in T; in the form of
y'Inl = x[n] = (1=2) Bgra(a Ty bfx[n — i] -
Z?=—1 b; (Tfr,k—l)y,[n = Tint -1 — f] ):'

= there is second filtering in 7; in the form of
y[n) = x[n] = ZBgr (¢ i1 b0y [n — 1] = Xfaca by(Trrie)y[n -
Tinek —J1);
(with reference to Fig. 1a, none of the filter units 12 and 14 is
bypassed)

= there is third filtering in the subsequent subinterval T; (where T} # T)

in the form of
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y[n] = x[n] - Bgi(a Xt _ bPx[n — i] = iaeq bj(Trrp)¥[n = Tinese —

iD.

Notably, when it is determined (e.g., by the selector 55) that the first and/or second
filtering will not be performed (or will provide, as the output, the same value of the input,
basically operating as “identity filter”, which is in general useless), it is possible to bypass
the useless filtering unit and/or section (e.g., as in Fig. 1a). Accordingly, the number of

computations is reduced.

A discussion is here provided on the operation of the filters for an LTP postfilter. The
decoded signal after MDCT or MDST (or any other lapped transform) synthesis may be
postfiltered in the time-domain using an lIR filter whose parameters depend on the LTPF
bitstream data may be, for example, “pitch_index” and/or ‘ltpf_active” (the latter
activating/deactivating an LTP postfiiter operation). To avoid discontinuity when the
parameters change from one frame to the next, a transition mechanism may be applied on

the first quarter of the current frame.

An LTPF IIR postfilter can be implemented using (see also above).

Lnum Laen
o o L
) =2 = Y Coum (IR =)+ Y aon(k, Py )7 (= Pine + =52~ k)
fe=0 =)

with £(n) is the filter input signal (i.e. the decoded signal after MDCT or MDST synthesis)

and X7 (n) is the filter output signal.

The integer part p;,; and the fractional part ps,. of the LTPF pitch-lag may be computed as
follows. First the pitch-lag (e.g., at 12.8kHz) may be recovered using

pitch_index — 283  if pitch_index = 440
pitch_index . . .

itch_int = | |5 | 63 11440 > pitch_index > 380
pitch_index
e

{O if pitch_index > 440
pitch_fr =

j +:32 if 380 > pitch_index

2 * pitch_index — 4 * pitch_int + 508  if 440 > pitch_index = 380
pitch_index — 4 = pitch_int + 128 if 380 > pitch_index
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pitch_fr
4

pitch = pitch_int +

The pitch-lag may then be scaled to the output sampling rate f; and converted to integer
and fractional parts using

fs

12800
Pup = hint (pitch I 4)

Pune = |222] o)

Prr = Pup — 4 * Dine

pitchfs = pitch =

wherein Fs is the sampling rate.

The filter coefficients ¢, (k) and cden(k, pfr) may be computed as follows
Crum (k) = 0.85 * gaing, » tab_ltpf_num_fs[k] fork =0..Lyym

Caen (K, Dpr) = gaing, s * tab_ltpf_den_fs[ps]lk]  fork = 0..Lgen
with

I
Laen = max (4,755)

Lyym = Lgen — 2

and gaing,r and gain;,q may be obtained, in some examples, according to procedures

such as:

fs_idx = min(4,(f,/8000-1));
if (nbits < 320 + fs_idx*80)
{
gain_ltpf = 0.4;
gain_ind = 0;
}
else if (nbits < 400 + fs_idx*80)
{
gain_lipf = 0.35;
gain_ind = 1;
}
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else if (nbits < 480 + fs_idx*80)
{

gain_ltpf = 0.3;
gain_ind = 2;
}
else if (nbits < 560 + fs_idx*80)
{
gain_ltpf = 0.25;
gain_ind = 3;
}
else
{
gain_ltpf = 0;
}

the tables tab_ltpf_num_fs[k] and tab_ltpf_den_fs[ps][k] are predetermined. Some

examples may be (instead of “fs”, an actual bandwidth is used):

double tab_ltpf_num_8000[4][3] = {

{6.023618207009578e-01,4.197609261363617e-01,-1.883424527883687e-02},
{5.994768582584314e-01,4.197609261363620e-01,-1.594928283631041e-02},
{5.967764663733787e-01,4.197609261363617e-01,-1.324889095125780e-02},
{5.942410120098895e-01,4.197609261363618e-01,-1.071343658776831e-02}};

double tab_ltpf_num_16000[4][3] = {

{6.023618207009578e-01,4.197609261363617e-01,-1.883424527883687¢-02},
{65.994768582584314¢-01,4.197609261363620e-01,-1.594928283631041e-02},
{5.967764663733787e-01,4.197609261363617e-01,-1.324889095125780e-02},
{5.942410120098895e-01,4.197609261363618e-01,-1.071343658776831e-02}};

double tab_ltpf_num_24000[4][5] = {
{3.989695588963494e-01,5.142508607708275¢e-01,1.004382966157454e-01 -
1.278893956818042e-02,-1.572280075461383e-03},
{3.948634911286333e-01,5.123819208048688e-01,1.043194926386267e-01,-
1.091999960222166e-02,-1.347408330627317e-03},
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{3.909844475885914e-01,5.106053522688359e-01,1.079832524685944e-01 -
9.143431066188848e-03,-1.132124620551895e-03},
{3.873093888199928e-01,5.089122083363975e-01,1.114517380217371e-01,-
7.450287133750717e-03,-9.255514050963111e-04}};

double tab_ltpf_num_32000[4][7] = {
{2.982379446702096e-01,4.652809203721290e-01,2.105997428614279e-
01,3.766780380806063e-02,-1.015696155796564e-02,-2.535880996101096e-03 -
3.182946168719958e-04},
{2.943834154510240e-01,4.619294002718798e-01,2.129465770091844e-
01,4.066175002688857¢e-02,-8.693272297010050e-03,-2.178307114679820e-03 -
2.742888063983188e-04},
{2.907439213122688e-01,4.587461910960279e-01,2.151456974 10897 Oe-
01,4.350104772529774e-02,-7.295495347716925e-03,-1.834395637237086e-03, -
2.316920186482416e-04},
{2.872975852589158e-01,4.557148886861379e-01,2.172126950911401e-
01,4.620088878229615e-02,-5.957463802125952e-03,-1.502934284345198e-03, -
1.903851911308866e-04}};

double tab_ltpf_num_48000[4][11] = {
{1.981363739883217e-01,3.524494903964904e-01,2.5136952696494 14¢-
01,1.424146237314458e-01,5.704731023952599%¢e-02,9.293366241586384e-03,-
7.226025368953745e-03,-3.172679890356356e-03 -1.121835963567014e-03, -
2.902957238400140e-04,-4.270815593769240e-05},
{1.950709426598375e-01,3.484660408341632e-01,2.509988459466574e-
01,1.441167412482088e-01,5.928947317677285e-02,1.108923827452231e-02,-
6.192008108653504e-03,-2.726705509251737e-03,-9.667125826217151e-04,-
2.508100923165204e-04,-3.699938766131869e-05},
{1.921810055196015e-01,3.446945561091513e-01,2.506220004626024 -
01,1.457102447664837e-01,6.141132133664525e-02,1.279941396562798e-02, -
5.203721087886321e-03,-2.297324511109085e-03,-8.165608133217555e-04, -
2.123855748277408e-04,-3.141271330981649e-05},
{1.894485314175868e-01,3.411139251108252e-01,2.502406876894361e-
01,1.472065631098081e-01,6.342477229539051e-02,1.443203434150312e-02-
4.254449144657098e-03,-1.883081472613493e-03,-6.709619060722140e-04,-
1.749363341966872e-04,-2.593864735284285e-05}},




10

15

20

25

30

35

WO 2019/092220 PCT/EP2018/080837
47

double tab_ltpf_den_16000[4][5] = {

{0.000000000000000+00, 2.098804630681809e-01, 5.835275754221211e-01,
2.098804630681809e-01, 0.000000000000000e+00},
{0.000000000000000e+00, 1.069991860896389¢-01, 5.500750019177116€-01,
3.356906254147840e-01, 6.698858366939680e-03},
{0.000000000000000e+00, 3.9671147823449676-02, 4.592209296082350e-01,
4.592209296082350e-01, 3.967114782344967e-02)},
{0.000000000000000e+00, 6.698858366939680e-03, 3.356906254147840e-01,
5.500750019177116e-01, 1.069991860896389e-01}};

double tab_lipf_den_24000[4][7] = {

{0.000000000000000e+00, 6.322231627323796e-02, 2.507309606013235e-01,
3.713909428901578e-01, 2.507309606013235e-01, 6.322231627323796e-02,
0.000000000000000e+00},

{0.000000000000000e+00, 3.459272174099855e-02, 1.986515602645028e-01,
3.626411726581452e-01, 2.986750548992179e-01, 1.013092873505928e-01,
4.263543712369752e-03},

{0.000000000000000e+00, 1.535746784963907e-02, 1.474344878058222¢-01,
3.374259553990717e-01, 3.374259553990717e-01, 1.474344878058222e-01,
1.535746784963907e-02},

{0.000000000000000e+00, 4.263543712369752e-03, 1.013092873505928e-01,
2.986750548992179e-01, 3.626411726581452e-01, 1.986515602645028e-01,
3.459272174099855e-02}};

double tab_ltpf_den_32000[4][9] = {

{0.000000000000000e+00, 2.900401878228730e-02, 1.129857420560927e-01,
2.212024028097570e-01, 2.723909472446145e-01, 2.212024028097570e-01,
1.129857420560927e-01, 2.900401878228730e-02, 0.000000000000000e+00},
{0.000000000000000e+00, 1.703153418385261e-02, 8.722503785537784e-02,
1.961407762232199e-01, 2.689237982237257e-01, 2.424999102756389¢-01,
1.405773364650031e-01, 4.474877169485788e-02, 3.127030243100724e-03},
{0.000000000000000e+00, 8.563673748488349e-03, 6.426222944493845e-02,
1.687676705918012e-01, 2.587445937795505e-01, 2.587445937795505e-01,
1.687676705918012e-01, 6.426222944493845e-02, 8.563673748488349%e-03},
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{0.000000000000000e+00, 3.127030243100724e-03, 4.474877169485788e-02,
1.405773364650031e-01, 2.424999102756389%¢-01, 2.689237982237257e-01,
1.961407762232199e-01, 8.722503785537784e-02, 1.703153418385261e-02}};

double tab_ltpf_den_48000[4][13] ={

{0.000000000000000e+00, 1.082359386659387e-02, 3.608969221303979%e-02,
7.676401468099964e-02, 1.241530577501703e-01, 1.627596438300696e-01,
1.776771417779109e-01, 1.627596438300696e-01, 1.241530577501703e-01,
7.676401468099964e-02, 3.608969221303979e-02, 1.082359386659387¢e-02,
0.000000000000000e+00},

{0.000000000000000e+00, 7.041404930459358e-03, 2.819702319820420e-02,
6.547044935127551e-02, 1.12464798674329%-01, 1.548418956489015e-01,
1.767122381341857e-01, 1.691507213057663e-01, 1.352901577989766e-01,
8.851425011427483e-02, 4.499353848562444e-02, 1.557613714732002e-02,
2.039721956502016e-03},

{0.000000000000000e+00, 4.146998467444788e-03, 2.135757310741917e-02,
5.482735584552816e-02, 1.004971444643720e-01, 1.456060342830002e-01,
1.738439838565869e-01, 1.738439838565869e-01, 1.456060342830002e-01,
1.004971444643720e-01, 5.482735584552816e-02, 2.135757310741917e-02,
4.146998467444788e-03},

{0.000000000000000e+00, 2.039721956502016e-03, 1.557613714732002e-02,
4.499353848562444e-02, 8.851425011427483e-02, 1.352901577989766e-01,
1.691507213057663e-01, 1.767122381341857e-01, 1.548418956489015e-01,
1.124647986743299¢e-01, 6.547044935127551e-02, 2.819702319820420e-02,
7.041404930459358e-03}};

Five different cases may be considered:
1. First case: ltpf_active = 0 and mem_ Itpf_active = 0 ("mem_ Itpf_active” referring to

the activation/deactivation status in the preceding frame):

N
Xipr(m) = £(n) forn = O"—ZE

wherein Nr refers to the number of samples processed in one frames, a.k.a. frame

size,
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2. Second case: Itpf_active = 1 and mem_ Itpf_active =0

Lnum Lien

— n ¥ o Ld
Xups (n) =2(n) - "]'V'F' Z Cnum(k)f(n - k) + Z Cden(k, Pfr)xltpf (n — Dint + __zen — k)
k=0

4 k=0
F
=0..—
forn 2

3. Third case: ltpf_active = 0 and mem_ ltpf_active = 1

Lnum Laen
n P Ld
rm = 2 — | 1= || D R -0+ ). B (i (n - o + 5~ )
%4/ k=0 k=0
Np
forn =10, T
with cliem, cien™ Pime and ph™ are the filter parameters computed in the previous
frame
4. Fourth case: Itpf_active = 1 and mem_ltpf_active = 1 and py,e = pip¢ and
Prr =Dir
Lpum Laen
e, ~ ~ at— L
Tiepr () = £(n) — Z Cnum (K)R(n — k) + Z Caen(k, Dr ) Xrrpy (n = Pint + *dzﬂ - k)
k=0 k=0
forn = 0. -f
5. Fifth case: ltpf_active = 1 and mem_ltpf_active = 1 and (py; # pine "~ OF Ppr #
™)
n Lpum Lgen L
iy () = £n) — | 1= || D clemztn—k + ). e (e )iy’ (m — PR + =57~ k
"4—“ k=0 k=0

=0.—
forn 7

)
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Lnum h@n

k=0 k=0

Advantages of the invention are here discussed. The examples above are less complex
than the previously used implementations. For example in the exemplary case of the LTP
postfilter, the complexity advantage over the LPC method used in [13] is clear. Comparing
to the cross-fade methods used in [9], [10], [11] and [12] there is one operation less per

sample. To see this, notice that (1 —%) Bgi-1 and %,ng can be realized by subtracting

constant %ﬁgk_i from Bg.-1 and adding constant %ng to £ g, sample wise. Together with

the filtering using H._, and Hj, this is equivalent number of operations to filtering with Hy_,
and H,, followed by weighting of the filtered signals as used in the cross-fade method. The
cross-fade method then is continued with the addition of the weighted signals, while the
proposed method already has already produced the output.

When it is determined that the first and/or second filtering will not be performed (or will
provide, as the output, the same value of the input, basically operating as “identity filter”,
which is in general useless), it is possible to bypass the useless filtering unit and/or
section (e.g., as in Fig. 1a). Accordingly, the number of computations is reduced.

In general, discontinuities are avoided when filter changes at a frame border from Hy_4:
Q

P
yln] = xln] + ) be-agrln =11 = ) s, ¥n =]
i=0

j=1
to Hy:

P Q
ylnl = xlnl + ) byxln =i = )" eyl =l
=0 j=1

by filtering the beginning portion with length L of the frame k with time-varying filter Hy_q:

P Q
y'[n] =[] + si-aln] (Z be-gxln =il = ) @13 In —n)

j=1

n
sk_l[n]=1—-l:,03n<L

e s n - e — Lden k
xltpf(n) = Xitpf (n) - TJ; Z Cnum(k)xltpf (n—k)+ Cden(k' pfr)xltpf N = Pipe + '—'2—' -
K3

)
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followed by filtering the intermediate output y’[n] of the time-varying filter Hy_, with the

time-varying filter Hy:

P Q
yn] = y'[n] + seln] (Z by’ [n=11= ) axln —j])
i=0 Jj=1

Silnl =%= 1—s,4[nl,0<n<lL

Hj_, is time-varying filter that changes from full filtering with H,_; to no filtering. Hy, is

time-varying filter that changes from no filtering to full filtering with H;.

A first example (based on the example of Fig. 5b above) is here provided in pseudocode:
If git==gk and gk ==0 then there is no filtering.

Else If gk-1==0 and g«!=0 then

{

- there is no first filtering

- there is second filtering in T,

- there is third filtering in the subsequent subinterval (where T, I=T)
}
Else If g.1!=0 and g« ==0 then
{

- there is first filtering in T

- there is no second filtering

- there is no third filtering in the subsequent subinterval
}

Else If gv.1!=0 and g«!=0 then the difference of the integer and fractional part of the pitch
lag is examined
{
If the integer and fractional part of the pitch lag in k-1 and k are the same
(pitch_int(k-1)== pitch_int(k) && pitch_fr(k-1)== pitch_fr(k)) then
{
o there is no first filtering nor second filtering
o there is third filtering in Ty and in Ts (i.e., along the whole T)

}

else if there is a difference in the integer or in the fractional part of the pitch lag
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{

o there is first filtering in T

o there is second filtering in T,

o there is third filtering in the subsequent subinterval (where if T I=T)
}

A second example is here provided in pseudocode:

2.
If gr1== gk and gk ==0 then there is no filtering.
Else If g«.1==0 and g«!=0 then

{
- there is no first filtering
- there is second filtering in T,
- there is third filtering in the subsequent subinterval (where T, I=T)
}
Else If gk -11=0 and gx==0 then
{
- there is first filtering in T
- there is no second filtering
- there is no third filtering
}

Else If gk.1!1=0 and gk!=0 then we look at the difference of the integer part of the pitch
{

If the absolute difference between the integer part of the pitch in k-1 and k is

below a threshold then

{

o there is fourth filtering in T
o there is third filtering in T (where T, 1= T)
}

else if the absolute difference between the integer part of the pitch in k-1 and k is

above a threshold then

{

o there is first filtering in T,

o there is second filtering in T
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o there is third filtering in the subsequent subinterval (of course only if T)
I=T)

In this 2. implementation we could also include the fractional part of the pitch in addition to
checking the difference between the integer part of the pitch.

Fig. 12a shows a system 110 which may implement the encoding apparatus 80, for
example. The system 110 may comprise a processor 111 and a non-transitory memory
unit 112 storing instructions which, when executed by the processor 111, may cause the
processor 111 to perform a parameter estimation 113 (e.g., as in block 89), an encoding
signal processing 114 (e.g., to implement elements 82-86), and a bitstream forming 115
(e.g., to implement the bitstream writer 89’). The system 110 may comprise an input unit
116, which may obtain an audio signal (e.g., the audio signal 89). The processor 111 may
therefore perform processes to obtain an encoded representation (e.g., in the format 11a)
of the audio signal. This encoded representation may be provided to external units using
an output unit 117. The output unit 117 may comprise, for example, a communication unit
to communicate to external devices (e.g., using wireless communication, such as
Bluetooth) and/or external storage spaces. The processor 111 may save the encoded
representation of the audio signal in a local storage space 118.

Fig. 12b shows a system 120 which may implement the apparatus 10, 30, 40, 50, 90,
and/or perform the method 60 or 70. The system 120 may comprise a processor 121 and
a non-transitory memory unit 122 storing instructions which, when executed by the
processor 121, may cause the processor 121 to perform a bitstream reading 123 (e.g., to
implement the bitstream reader 91'), a first/second filter control 124 (e.g., any of the
elements 12, 14, 22, 24, 51, 52 and/or the filter operations 61, 62 and/or steps of method
70), and/or a third filter control 125 (e.g., to implement the third filter 31, 53, and/or the
filter operations 63 and/or steps of method 70). The system 120 may comprise an input
unit 126, which may obtain a decoded representation of an audio signal (e.g., in the form
of 11a). The processor 121 may therefore perform processes to filter the signal (e.g.,
using an LTP filter). This filtered representation may be provided to external units using an
output unit 127. The output unit 127 may comprise, for example, a communication unit to
communicate to external devices (e.g., using wireless communication, such as Bluetooth)
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and/or external storage spaces. The processor 121 may store the filtered representation
of the audio signal in a local storage space 128.

In examples, the systems 110 and 120 may be the same device.

Depending on certain implementation requirements, examples may be implemented in
hardware. The implementation may be performed using a digital storage medium, for
example a floppy disk, a Digital Versatile Disc (DVD), a Blu-Ray Disc, a Compact Disc
(CD), a Read-only Memory (ROM), a Programmable Read-only Memory (PROM), an
Erasable and Programmable Read-only Memory (EPROM), an Electrically Erasable
Programmable Read-Only Memory (EEPROM) or a flash memory, having electronically
readable control signals stored thereon, which cooperate (or are capable of cooperating)
with a programmable computer system such that the respective method is performed.
Therefore, the digital storage medium may be computer readable.

Generally, examples may be implemented as a computer program product with program
instructions, the program instructions being operative for performing one of the methods
when the computer program product runs on a computer. The program instructions may

for example be stored on a machine readable medium.

Other examples comprise the computer program for performing one of the methods
described herein, stored on a machine readable carrier. In other words, an example of
method is, therefore, a computer program having a program instructions for performing

one of the methods described herein, when the computer program runs on a computer.

A further example of the methods is, therefore, a data carrier medium (or a digital storage
medium, or a computer-readable medium) comprising, recorded thereon, the computer
program for performing one of the methods described herein. The data carrier medium,
the digital storage medium or the recorded medium are tangible and/or non-transitionary,
rather than signals which are intangible and transitory.

A further example comprises a processing unit, for example a computer, or a
programmable logic device performing one of the methods described herein.

A further example comprises a computer having installed thereon the computer program
for performing one of the methods described herein.
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A further example comprises an apparatus or a system transferring (for example,
electronically or optically) a computer program for performing one of the methods
described herein to a receiver. The receiver may, for example, be a computer, a mobile
device, a memory device or the like. The apparatus or system may, for example, comprise

a file server for transferring the computer program to the receiver.

In some examples, a programmable logic device (for example, a field programmable gate
array) may be used to perform some or all of the functionalities of the methods described
herein. In some examples, a field programmable gate array may cooperate with a
microprocessor in order to perform one of the methods described herein. Generally, the
methods may be performed by any appropriate hardware apparatus.

The above described examples are illustrative for the principles discussed above. |t is
understood that modifications and variations of the arrangements and the details
described herein will be apparent. It is the intent, therefore, to be limited by the scope of
the impending patent claims and not by the specific details presented by way of
description and explanation of the examples herein.
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Claims

1. A system for filtering an information input signal, divided into different update
intervals, according to parameters varying with the update intervals, to obtain a filtered
output signal, the system comprising:

a first filter unit to filter a first filter input signal at least at an initial subinterval in a
current update interval to obtain a first filter output signal, according to parameters
associated to the preceding update interval, the first filter unit being configured to scale
the parameters along at least the initial subinterval , wherein the first filter unit is
configured to scale the parameters associated to the preceding update interval by a first
scaling factor changing towards 0, or a value close to 0, along at least the initial
subinterval; and

a second filter unit to filter a second filter input signal, at the initial subinterval,
according to parameters associated to the current update interval to obtain a second filter
output signal, the second filter unit being configured to scale the parameters along at least
the initial subinterval, wherein the second filter unit is configured to scale the parameters
associated to the current update interval by a second scaling factor changing from O, or a
value close to 0, toward a value different from O, or a value more distant from 0 than the
value close to 0, along at least the initial subinterval,

wherein the first filter input signal is based on the information input signal, the first
filter output signal is an intermediate signal, the second filter input signal is based on the
intermediate signal, and the filtered output signal is based on the second filter output

signal.

2. The system of claim 1, further comprising:
a third filter unit to filter the information input signal, at a subsequent subinterval in
the current update interval after the initial subinterval according to the parameters

associated to the current update interval.

3. The system of claim 2, further comprising:
a selector configured to check if the distance between parameters for the current
update interval is O or within a first threshold, so as to filter the information input signal at

least in the initial subinterval using the third filter unit.

4, The system of claim 2 or 3, wherein the third filter unit is configured, along the

subsequent interval, to maintain the filter parameters constant.
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5. The system of claim 2 or 3 or 4, wherein the third filter unit operates as long term
prediction, LTP, pre-filter, LTP post-filter, harmonic LTP pre-filter, or harmonic LTP post-
filter.

6. The system of any of claims 2 to 5, further configured to check the gain gy of the
current k™ update interval and the gain g,., of the previous (k-1)" update interval, so that:
- If g«1=0 and g«=0, then the filtering at the first, second, and third filter units is
deactivated; and/or
- If g«.1=0 and g,#0, then
o The filtering at the first filter unit is deactivated;
o there is filtering at the second filter unit in at least the initial subinterval;
o there is filtering at the third filter unit in the subsequent subinterval; and/or
- If gk1#0 and g,=0, then
o there is filtering at the first filter unit in at least the initial subinterval,
o the filtering at the second filter unit is deactivated,;
o the filtering at the third filter unit is deactivated; and/or
- If g«1#0 and g,#0, then the difference of the integer and fractional parts of the pitch
lag are checked, so that:
o If the integer and fractional parts of the pitch lag in the current k™ update
interval and in the previous (k-1)" update interval are the same, then:
= the filtering at the first filter unit and the second filter units is
deactivated;
= there is filtering at the third filter unit along the whole current update
interval;
o else if there is a difference in the integer or in the fractional part of the pitch
lag:
= there is filtering at the first filter unit in at least the initial subinterval;
= there is filtering at the second filter unit in at least the initial
subinterval

= there is filtering at the third filter unit in the subsequent subinterval.

7. The system of any of the preceding claims, wherein at least one of the first and
second filter units operates as long term prediction, LTP, pre-filter, LTP post-filter,

harmonic LTP pre-filter, or harmonic LTP post-filter.
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8. The system of any of the preceding claims, wherein at least one of the first and
second filter unit has a transfer function comprising a numerator and a denominator,
wherein the numerator comprises a gain value indicated by the gain information, and
wherein the denominator comprises an integer part of a pitch lag indicated by the pitch lag
information and a multi-tap filter depending on a fractional part of the pitch lag.

9. The system of any of the preceding claims, wherein:

the parameters of at least one of the first and second filter unit are obtained from
harmonicity information, gain information, pitch lag information, the integer part of the
pitch lag of the information input signal and/or the fractional part of the pitch lag of the

information input signal.

10. The system of any of the preceding claims, wherein:
the parameters of the first and/or second filter unit are chosen among at least one
or a combination of, linear predictive coding, LPC, filter, infinite impulse response, IIR,

filter, and/or finite impulse response, FIR, filter.

11. The system of any of the preceding claims, wherein:
the first scaling factor and the second scaling factor are non-negative values

complementary with each other to a value greater than 0.

12. The system of any of the preceding claims, wherein:

the first scaling factor changes towards 0 towards the final extremity of at least the
initial subinterval, and/or

the second scaling factor changes from 0, or a value close to 0, from the initial
extremity of the current update interval towards a non-zero value, or a value which is more

distant from 0 than the value close to 0.

13. The system of any of the preceding claims, further comprising:

a fourth filter unit configured to filter the information input signal, at least at the
initial subinterval, using parameters obtained by interpolating the parameters associated
to the current update interval and the parameters associated to the previous update

interval.
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14. The system of claim 13, wherein the fourth filter unit operates as long term
prediction, LTP, pre-filter, LTP post-filter, harmonic LTP pre-filter, or harmonic LTP post-
filter.

15. The system of claim 13 or 14, further comprising:
a selector configured to check if the distance between parameters for the current
update interval is within a second threshold, so as to filter the information input signal at

least in the initial subinterval using the fourth filter unit.

16. The system of claim 15, further configured to actively set the second threshold on

the basis of values associated to the signal.

17. The system of claim 16, further configured to:

set the second threshold as a pitch lag distance threshold equal to the minimum
between the integer part of the pitch lag at the current update interval and the integer part
of the pitch lag at the previous update interval,

so as to use the fourth filter unit when the distance between the integer part of a
pitch lag at the current update interval and the integer part of the pitch lag at the previous
update interval is less than the pitch lag distance threshold; and/or

S0 as to use the first and second filter units when the distance between the integer
part of the pitch lag at the current update interval and the integer part of the pitch lag at
the previous update interval is greater than the pitch lag distance threshold.

18. The system of claim 16 or 17, further configured to:

use a condition associated to the gains of the signal at the current update interval
and at the preceding interval,

so as to use the fourth filter unit when both the gains of the signal at the current
update interval and at the preceding interval are different from zero, and/or

so as to use the first and second filter units when at least one of the gains of the

signal at the current update interval and at the preceding interval is zero.

19. The system of any of the preceding claims, wherein the information input signal is

an audio signal.

20. The system of any of the preceding claims, wherein the first filter unit is to provide

the first filter output signal as:
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Iy

"
y'[n] = x[n] + 554 [n] Z By—q:x[n— 1] —Zak_uy“ ln—i kT =n< kT +T
i=0 =1

where the scaling factor s,,_4 [n] changes towards a value close to 0 when n increases,

and the second filter unit is to provide the second filter output signal as:
2

g
yn] =3'[n] + 5, [n] Zbk,f:v’[n— 1] —Zﬂm}f[’n L kT=n<klT+T
(=0 =1

where the scaling factor s, [n] changes from a value close to 0 towards a non-zero value
when n increases, where T is the current k™ update interval, T; the initial subinterval, n
an instant, x[n] the information input signal, b, _;; and e, _, ; are parameters associated to
the previous (k-1)" update interval, @,; and by ; are parameters associated to the current

k™ update interval, and P and Q are associated to the type of the filter.

21. The system of any of the preceding claims, wherein the first filter unit is configured

to provide the first filter output signal in the form of

Inum Loen
" -~ bl -~ —_—" Ldﬂﬂ
Flrpf ) = #(n) — (1 — E) z g%“ﬁ[k]x[ﬂ -k + Z cmﬁqmlzk,pﬁﬂmjx[mf (ﬂ — prem =" - k)
2 k=D k=m
N.F
fora = >y

and the second filter unit is configured to provide the filtered output signal in the form of

Lpum Loer

o . M . o Ldﬂﬂ
Flrapin) = Fpy (1) N Z Crum &) Flrap 01— &) + Z de':ksﬁrf :Ix[bpf (’-"l —Par+— — "f)
—E| o s 2
7= =
F
=0,,—
Fforn )

. N _— : s : o : —
wherein TF is the length of the initial subinterval, £(n] is the information input signal, ximff

is the intermediate signal, %;,>(n) is the filtered output signal, n is an instant, 7™ and

an

P are respectively based on the integer part and fractional part of a pitch lag

associated to the preceding update interval, p;,. and py, are respectively based on the
integer part and fractional part of the pitch lag associated to the current update interval,
Cnumlb) IS @ coefficient based on the gain value for the current update interval,

r:dm[kj pf,,] is a coefficient based on the gain value for the determined update interval and

on the fractional part of the pitch, c&™ (k) is a coefficient based on the gain value for
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n

preceding update interval, c;’;"m[k,pﬁim} is a coefficient based on the gain value for

preceding update interval and on the fractional part of the pitch, Lge, and Lnyy, are fixed

and/or based on the sampling rate of the information input signal.

22. The system of any of the preceding claims, wherein the time length of the initial
subinterval is between the 5% and the 40% of the time length of the current update

interval.

23. The system of any of the preceding claims, comprising an encoder side and a
decoder side , wherein at least one of the first and second filter units is at the decoder

side.

24. The system of any of the preceding claims, comprising an encoder side and a
decoder side, wherein at least one of the first and second filter units is at the encoder
side.

25. The system of any of the preceding claims, wherein the encoder side comprises:
a parameter estimator configured to estimate the parameters for at least one of the

first and second filter unit.

26. The system of any of the preceding claims, further comprising a converter for
converting a first representation of the information signal into a second representation of

the information signal.

27. The system of any of the preceding claims, wherein the at least a subinterval is the

update interval.

28. The system of any of the preceding claims, further configured to:
determine if the first and/or second filter unit will operate as an identity filter; and

in case of determination, bypass the first and/or second filter.

29. The system of any of the preceding claims, wherein the first filter unit is configured
to scale the parameters gradually by fading and/or monotonically or strictly monotonically

the parameters along at least the initial subinterval.
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30. The system of any of the preceding claims, wherein the second filter unit is
configured to scale the parameters gradually by fading and/or monotonically or strictly
monotonically the parameters along at least the initial subinterval.

31. A method for filtering an information input signal divided into different update
intervals, according to parameters associated with the update intervals, to obtain a filtered
output signal, the method comprising:

performing a first filtering at least at an initial subinterval of a current update
interval according to parameters associated to the preceding update intervals, wherein the
parameters along at least the initial subinterval are scaled by a first scaling factor
changing towards 0, or a value close to 0, along at least the initial subinterval; and

performing a second filtering at least at the initial subinterval, according to
parameters associated to the current update interval, wherein the parameters along the
initial subinterval are scaled by a second scaling factor changing from 0, or a value close
to 0, toward a value different from 0, or a value more distant from O than the value close to
0, along at least the initial subinterval,

wherein the first filtering is performed on the information input signal and the
second filtering is performed on the signal obtained by the first filtering.

32. A non-transitory storage unit storing instructions which, when executed by a

processor, cause the processor to perform the method of claim 31.





