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Apparatus and Method for Processing an Audio Signal using an Aliasing Error

Signal

Specification

The present invention is related to audio processing, and particularly audio processing in

the context of aliasing affected processing of audio signals.

In normal operation, the Modified Discrete Cosine Transform (MDCT) has features which
make it a well suited tool for audio coding applications. It generates a critically sampled
spectral signal representation from overlapping frames and provides perfect
reconstruction. This means that the input signal can be reconstructed from spectral
coefficients of a forward transform by applying the backward transform and an overlap-
add operation in the overlap regions. However, if additional processing is applied on the
spectral coefficients, the MDCT has some drawbacks in comparison to oversampled
representations like DFT based overlapped processing. Even relatively simple time and
frequency dependent gain control, such as used for dynamic range control or clipping
prevention can produce unwanted side effects. Therefore, DFT based separate post-
processing to audio decoding is applied in several applications which require this kind of
signal modification, although an MDCT based spectral representation would be available
inside the decoder. One drawback besides computational complexity is the additional

delay introduced by such a post-processing.

A common approach for MDCT time domain aliasing reduction is to recreate an
oversampled modulated complex lapped transform (MCLT). The MCLT results from
combining the MDCT with its complex counterpart, the Modified Discrete Sine Transform
(MDST). The MCLT offers similar features like a DFT representation of a signal and
therefore its robustness against time domain aliasing (TDA) due to spectral manipulation
is comparable to the DFT representation. But unfortunately calculating the MDST
spectrum out of the MDCT spectrum is computationally very complex and produces a
significant signal delay. Hence, the state-of-the-art provides techniques for reducing both,
delay and complexity [2 — 3]. In these approaches a real-to-complex (R2C) transform is
used to approximate the required MDST values. Then in the MCLT domain the
manipulation of the spectral coefficients is applied. Afterwards, the complex values are

transformed into the MDCT domain again using a complex-to-real (C2R) transform.
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Although this approach delivers good results in terms of aliasing robustness, it has some
disadvantages. First, the MDST coefficients are estimated and their accuracy is defined
by the amount of computational complexity. Second, the transform chain R2C-C2R

produces still delay.
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It is an object of the present invention to provide an improved concept for processing an

audio signal.

This object is achieved by an apparatus for processing an audio signal of claim 1, a

method of processing an audio signal of claim 12 or a computer program of claim 13.

In an aspect of the present invention, an apparatus for processing an audio signal
comprising a sequence of blocks of spectral values comprises a processor for processing
the sequence of blocks of spectral values using at least one modification value for a first
block to obtain an aliasing reduced or aliasing free first result signal in an overlap range
and using at least one second different modification value from a second block of the
sequence of blocks of spectral values to obtain aliasing reduced or aliasing free second

result signal in the overlap range. Then, both signals in the overlap range, both of which
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constitute a certain representation of one of the same signal portion, are combined to

obtain the processed signal for the overlap range.

Preferably, this combination relies on a cross-fade from one result signal to the other
result signal, i.e. a fadeout of the first result signal and concurrently a fade-in of the

second result signal.

Preferably, the processor comprises a modifier for modifying the first block of the
sequence using the at least one first modification value to obtain a first modified block, for
modifying the second block of the sequence using at least one second modification value
to obtain a second modified block, for modifying the second block using the at least one
first modification value to obtain a third modified block and for modifying the first block
using the at least one second modification value to obtain a fourth modified block. A
spectral-time converter is configured for converting the first to fourth modified blocks into
time representations thereof and an overlap-adder for overlap-adding the first and third
modified blocks to obtain a result signal and for overlap-adding time representations of the
second and fourth modified blocks to obtain the second result signal is provided. Hence,
basically two parallel inverse transform operations are performed, one with the first gain

modification value and one with the second gain modification value.

When the gain modification value is only time-variant, i.e. is constant all over the
frequency range, then only a single gain modification value is used for the modification of
a block. However, if the gain modification value varies over frequency, then each block of
spectral values is modified with a plurality of gain modification values. A gain modification
value can apply to each individual spectral value or to a group of spectral values, such as
2, 3, 4 or 5 frequency-adjacent spectral values. In the general case, however, a single
gain modification value can exist for each and every spectral line, a block of spectral
values is modified with a number of gain modification values where the number is equal to

the number of spectral values in the block of spectral values.

Hence, in accordance with this aspect, two aliasing-reduced or aliasing-free output signals
are generated for the overlap region and then a cross-fade is performed between those

two outputs or result signals.

In accordance with a further aspect of the present invention, an apparatus for processing

an audio signal comprises a processor for calculating an aliasing-affected signal using at
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least one first modification value for a first block of the sequence and at least one second
different modification value for a second block of the sequence of blocks of spectral
values. Then, an aliasing error signal is estimated where this aliasing error signal is
included in the aliasing-affected or aliasing-subjected audio signal. Then, the aliasing-
affected signal and the aliasing error signal are combined such that the signal obtained by

the combining is an aliasing-reduced or aliasing-free signal.

In other words, the other aspect relies on the calculation of an aliasing-affected signal and
an aliasing error signal and a subsequent combination of both signals in order to obtain
the aliasing-reduced or aliasing-free signal. Preferably, the aliasing is canceled by a
reconstruction of the input signal in an overlap region by an additional frequency-time
transform with equal gains for both blocks, a multiplication with a window-function or a
related function, a time reversal, a multiplication with a gain difference between the two
gain or modification values and a subtraction from the output of the processing with the

different gain.

Preferably, the transform algorithm used is a modified discrete cosine transform MDCT
and the reverse transform operation is an inverse modified discrete cosine transform.
Alternatively, other such aliasing-introducing transforms can be used such as an MDST
(modified discrete sine transform) or an inverse modified discrete sine transform (IMDST)
or any other such transform, in which on the analysis side a number of samples in a time
portion is greater than a number of spectral values or alternatively stated, in which there is
an overlap region between two subsequent time portions resulting in two subsequent
blocks of spectral values, i.e. in blocks of spectral values which are subsequent in time.
Here, both blocks of spectral values are related at least partly to one and the same
overlap region, i.e. the overlap region between those two time portion which have finally
resulted in the two time-subsequent blocks of spectral values. This means that on the
analysis side the number of time domain samples in a block of samples or a frame is
greater than the number of frequency domain values in a frequency domain
representation block, and on the synthesis side the number of synthesized time domain
samples is greater than the number of spectral values in a block used for synthesizing

overlapping blocks of time domain samples.

However, as a final stage on the synthesis side, an overlap-add processing is performed
s0 that, in the end, a number of samples in the overlap range is lower than the number of

time domain samples in a synthesized frame and is preferably equal to the number of
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spectral values of a block of spectral values. In the latter case, a critically sampled
transform is obtained and such transforms are preferred for the present invention, but the
present invention can also be applied to non-critically sampled transforms although these
transforms have some kind of additional overhead compared to critically sampled

transforms.

The inventive aspects are not only useful for compensating aliasing due to time-frequency
varying gain modification, but also for bandwidth extension (BWE). In this use-case the
replicated spectrum produced by the copy-up stage of the BWE algorithm has to be
shaped with a spectral envelope to match the original spectral envelope as close as
possible [4 — 6]. This spectral envelope is in general both, time and frequency dependent.
Although in most of the state-of-the-art BWE techniques the copy-up scheme is constant,
it is possible to perform a time varying copy-up which leads to additional aliasing. The new

proposed aliasing cancelation technique is also able to handle these BWE artifacts.

Preferred embodiments of the present invention are subsequently discussed in the

context of the accompanying drawings, in which:

Fig. 1 a is a preferred embodiment of a first aspect;

Fig. 1b is a preferred embodiment of a second aspect;

Fig. 1c is a schematic representation of a sequence of blocks of spectral values;
Fig. 1d is a schematic representation of the sequence of overlapping time portions

resulting in the sequence of blocks of Fig. 1c;

Fig. 2a illustrates an implementation of an aliasing-introducing forward-transform;
Fig. 2b ilustrates an implementation of an aliasing-reducing reverse transform;
Fig. 3a illustrates a further embodiment of the second aspect;

Fig. 3b illustrates a further embodiment of the second aspect;
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Fig. 3¢ ilustrates a schematic diagram of a bandwidth extension application for the

first and second aspects;

Fig. 4 illustrates an aliasing error component for the second aspect;

Fig. 5a illustrates an embodiment of the first aspect;

Fig. 5b illustrates an embodiment of the second aspect;

Fig. 6 illustrates an aliasing term generated by reconstruction, time reversal and

windowing related to the second aspect;

Fig. 7 illustrates varying gain factors in a frame;

Fig. 8 illustrates an application of gain factors prior to an inverse MDCT

processing; and

Fig. 9 illustrates signals related to the processing of Fig. 8.

Fig. 1a illustrates an apparatus for processing an audio signal comprising a sequence of
blocks of spectral values in accordance with the first aspect. The apparatus for processing
comprises a processor 100 for processing the sequence of blocks of spectral values using
at least one maodification value 102 for a first block to obtain an aliasing-reduced or
aliasing-free first result signal 104. The processor furthermore processes the second block
of the sequence of blocks, which is following the first block in time or which precedes the
first block in time and which is immediately adjacent to the first block using at least one
second different modification value, Le. a second modification values 108, which is
different from the first modification value to obtain an aliasing-reduced or aliasing-free
second result signal 108 in an overlapping range. Hence, the processor generates two
aliasing-free or at least aliasing-reduced time domain signals for the same overlapping
range. These signals 108 are input into a combiner 110 for combining the first and the
second result signals in the overlap range to obtain a processed signal 112 for the overlap
range. Preferably, the processor is configured for generating two aliasing-free output
signals for the overlap region and then preferably performs a cross-fade between those
two aliasing-free output signals. One implementation for the processor to achieve this is

the provision of a complete inverse transform processing, such as an IMDCT processing
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for both blocks or both different modification values for the blocks. In other words, the
processor generates a complete IMDCT processing for the overlap range of the first block,
one and the same modification values for the first and the second block. Furthermore, the
processor performs a complete IMDCT processing for the first and the second block, but
now using second modification values. Both of these complete IMDCTs processing
operations result in the two aliasing-free or at least aliasing-reduced time domain result

signals in the overlapping range, which are then combined by the combiner.

Subsequently, a second aspect is discussed in the context of Fig. 1b. Fig. 1b illustrates an
apparatus for processing an audio signal comprising a sequence of blocks of spectral
values in accordance with an embodiment of the present invention with respect to the
second aspect. The apparatus comprises a processor 150 for calculating an aliasing-
affected signal 154 using at least one first modification value 102 for the first block of the
sequence 114 of blocks of spectral values and using at least one different second
modification value 106 for a second block of the sequence 114 of blocks of spectral
values. The processor is configured for estimating, in addition to the aliasing-affected
signal 154, an aliasing-error signal 158. Furthermore, the apparatus comprises a
combiner 152 for combining the aliasing-affected signal and the aliasing-error signal such
that a processed audio signal 112 obtained by the combining by the combiner 152 is an

aliasing-reduced or aliasing-free signal.

Specifically, in accordance with the second aspect illustrated in Fig. 1b, the processing is
performed using the different modification values for the blocks pertaining to the same
overlapping range which results in the aliasing-affected signal 154. However, in contrast
to the prior art, where this aliasing-affected signal is used for further processing and the
aliasing-induced error is tolerated, this is not done in the present invention. Instead, the
processor 150 additionally calculates an aliasing error signal 158, the aliasing-error signal
is then combined with the aliasing-affected signal typically by subtracting or generally a
weighted linear combining so that the processed audio signal is preferably aliasing free,
but even when the combination or the specific aliasing-error signal is not completely
accurately calculated, the combining nevertheless results in a processed audio signal

having less aliasing error than the aliasing-affected signal 154.

In many applications it is desirable to modify the spectral coefficients by applying gain
factors to them before feeding them to the IMDCT, so that:
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Y;(k) = g;(k) - X;(k)

with X; (k) being the MDCT spectrum of the j-th frame, k being the frequency index, g;(k)
being a time and frequency dependent spectral weighting function and Y;(k) being the

fitered MDCT spectrum. This application of gain factors is also shown in Fig. 8.

In particular, Fig. 8 illustrates a typical prior art MDCT synthesis system, in which the
spectral values of a preceding block 800 having a time index j-1 is multiplied by the at
least one gain factor g4 by a multiplier 802. Furthermore, the current block 804 with the
time index j is multiplied or modified by a gain factor g; for the current block indicated at
805. Specifically, the gain factor 801 for the preceding block with the time index j-1
indicated at 801 and the gain factor g; for the current block 805 are different from each
other. Furthermore, as outlined in Fig. 8, the gain factor can be frequency dependent. This
is illustrated by the frequency index k. Hence, each spectral value with the index k is
mutltiplied by the corresponding first or second gain factor 801, 805 depending on which
block 800 or 804 the gain factor belongs to. Hence, due to the fact that the gain factors for
the two blocks are time-variant and/or frequency-variant, an aliasing error results in the
processing when the processing in Fig. 8 is applied. This processing consists of an
IMDCT operation 807 for the preceding block 800 and a further IMDCT operation 808 for
the current block 804. The IMDCT operation consists of a frequency time transform and a
subsequent fold-out operation as will be further discussed in fhe context of Fig. 2b. Then,
an overlap-add processing which additionally comprises, before the actual adding
together, a synthesis windower is performed by block 809 in order to finally obtain an

aliasing-affected signal y(n) indicated at 810. Hence, the aliasing-affected signal 810 can

' typically be exactly the same as the aliasing-affected signal illustrated at 154 in Fig. 1b.

If the gains in two subsequent frames are different, the aliasing terms do not cancel each
other anymore, as can be seen in Fig. 9 (right), where the gain factors are constant over
frequency, but not over time. In this example they are g,(k) = 1 and g, (k) = 0.7, so that

the remaining aliasing component is the aliasing from frame 0 multiplied by a factor of 0.3.

It should be noted that for such a simple case, which was mainly chosen for illustration,
frequency domain processing would not be necessary, since a similar effect could be
achieved without aliasing problems by applying a suitable temporal envelope. However
this example helps to explain the basic idea of the aliasing reduction scheme. Here, the

remaining aliasing component is the time reversed and windowed input signal multiplied

RECTIFIED SHEET (RULE 91) ISA/EP
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by the difference of the two gain factors, which is in our example 0.3. Therefore, the
aliasing can be cancelled by the following steps:
¢ reconstruction of the input signal in the overlap region by additional IMDCT with
equal gains for the two blocks
+ multiplication with the function w(n) - w(N + n)
e time reversal
s multiplication with the gain difference 0.3

s subtraction from the output of the processing with different gain
The output of the first three steps is illustrated in Fig. 6.

In the first aspect, two aliasing free output signals for the overlap region are calculated
and then a cross-fade is performed between them. Fig. 5a shows a block diagram of an

embodiment.

The first signal p, ;(n) is obtained from IMDCT processing of the two affected frames with
the spectral coefficients X;_, (k) and X;(k) with equal sets of gain factors g;_,(k). The
time domain aliasing components of the two frames cancel each other, since there are no
gain differences. The second signal p,;(n) is generated accordingly from X;_(k) and
X;(k), but now using gain factors g;(k). The variation of the spectral shape can now be
obtained by performing a cross-fade from p,;(n) towards p,;(n) within the overlap

region:
YOUN+ n) = f() - py )+ (1= f(n)) pa;(n)

with f(n) being typically monotonously decreasing from 1 to 0 in the interval 0 < n < N.
For the case f(n) = 1 - w?(n), it can be shown that both approaches produce exactly the
same output (see Appendix for details). The freedom to choose cross-fade functions
independent from the MDCT window, however, gives a benefit for this approach, which is

illustrated in Fig. 5a.

As for the pure gain variation, a second procedure can reduce the aliasing components by
generating two aliasing free signals and performing a cross-fade. Here, each of the two
signals is obtained by using equal patching and equal gain factors in the two

corresponding frames (see Fig. 5b). No special distinction needs to be made for constant
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and fixed patching. Constant patching would just infer equal mapping P;(k) = P(k) for all

frames.

The processing gets more complicated, if the gain factors not only vary over time, but also

over frequency. In this case, a replacement by a temporal envelope is no longer possible,

and the generation of the time reversed input signal also does not provide a suitable

signal for the reduction of the aliasing component. This is illustrated in the following

example, in which the gains in the first frame are constant over frequency again (go(k) =

1), but in the second frame g, (k)varies as shown in Fig. 7.

This leads to an un-cancelled aliasing component, which however has a different shape

than that shown in Fig. 9 (right). As seen in the first example, the gain differences are

causing un-cancelled aliasing components. Therefore, the procedure shown in Fig. 3a.

The aliasing reduction is performed by the following steps illustrated in Fig. 3a:

generate additional spectral coefficients by weighting (307, 308) the original

coefficients by the gain differences:

Uiy (k) = (g;(k) = gj-1(K)) - X;—1(k)
Uik) = (g;(k) = gj-1(K)) - X;(K)

reconstruction (303. 304, 308) of the input signal in the overlap region by
additional IMDCT with U;_, (k) and U; (k)

multiplication (330} with the function w(n) - w(N + n)

time reversal (340)

combination such as addition or subtraction to the output of the processing with

different gain

The order of the gain difference term (gj(ic) - gj,l(k)) determines if the ocutput of the

time reversal must be added or subtracted from the regular IMDCT output for the

specifically illustrated MDCT implementation. For other MDCT implementations the signs

can be different;

<§;(§ﬁ}

‘‘‘‘‘ gjm,lf;fw:}j): add the output of the time reversal to the regular IMDCT output
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(gj-1(k) - g;(k)):  subtract the output of the time reversal from the regular IMDCT

output,

Hence, for the above described embodiment and for the illustrated case in Fig. 3a, in
which (gj(k) - gf,.l(fc)) is illustrated, the combiner 341 is to be implemented as an adder

adding both inputs.

It is to be noted that the required signs can be different for different implementations of the
lapped transforms. There are for example at least four embodiments for the oddly stacked
MDCT. Furthermore, there are further embodiments for an evenly stacked MDCT or an
ELT with multiple overlap. For the oddly stacked MDCT, the signs for the correction terms
are different. Hence, the combining performed in block 341 can comprise an addition or a

subtraction.

The aliasing correction term for the current example is shown together with the aliased
IMDCT output in Fig. 4.

The copy-up stage of a BWE algorithm is described by a mapping function P(k). For

copying the lower half of the spectral coefficients to the upper half, it would be as follows:

N
Pl = k for0s k< ™/,
k"N/Z fOTN/Zﬂ k<N

The gain function would be constant and equal to 1 in the lower half.
gik)=1for0< k< N/Z

If the gain factors would vary in the upper half of the spectrum, un-cancelled aliasing
would occur again. However, the aliasing reduction could be performed exactly in the
same way as described in the first approach described above with the only difference that
the patching also has to be taken into account in the generation of the compensation
signal. This can be accomplished by using the mapped spectral coefficients as they are
fed to the IMDCT and weighting them appropriately with gain differences In this case, all

gain differences in the lower half would be zero.
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More advanced bandwidth extension could apply patching which varies from frame to
frame. This can be described by defining an individual mapping function P;(k) for each
frame. In this case the aliasing reduction must take into account that different components
may be copied to the same frequency index in the two frames influencing the common
overlap region. This has to be considered in the generation of the aliasing reduction
component. For this purpose, the patch in the first frame is treated as above having a gain
of gj—1(k) in framewj - 1 and 0 in frame j, and the patch in frame j is assumed to have a
gain of 0 in frame j - 1 and g;(k) in frame j. The resulting spectral coefficients for the

generation of the aliasing reduction signal are as follows:

Uy (k) = = g1 (k) - Xjy (Pra () + g(K) - X (By(K))

Uj=100) = = gj-1 (k) - X; (B2 () ) + g;(k) - X; (B (k)
The block diagram for this configuration is shown in Fig. 3b.

in the following section the two aspects in Figs. 3a as well as in Figs. 5a and 5b are

discussed in more detail regarding similarities.

The MDCT with a frequency resolution of N spectral coefficients of a frame x;(n) of 2N

samples starting at sample position jN is defined by:

Xi(k) = Ezflw(n)xj(n) cos (%(?’H— {;—-» ;—) (ic + 4;-)),0 s k<N
n=0

with w(n) being a window function of length 2N, k being the frequency index, n being the

sample index in the time domain. The frame x;(n) of the time signal x(n) is defined as:
xj(n) = x(jN + n),0 s n< 2N

An intermediate output frame 7;(n),0 < n < 2N is obtained from spectral components

¥; (k) with the backward transform:
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yi(n) = ﬁw(n]zif}(k)cos<~%(n+ "§“+ %)(kw -;-)),Os n< 2N

The final output of the inverse MDCT (IMDCT) processing is calculated by adding

overlapping segments:
yUN +n) = 3, (N + n) + §;(n)
With the abbreviation ¢, (x) = cos (4;% (k ¥ %) x) and with the window conditions

w(N-1-n)= w(N+ n)
and

w?(n) = 1~ w?(N + n)

the output of the IMDCT in the overlap region after application of the gain factors is:

N~1
ym = )yl
k=0

with

1

3N 1 N
Yelm) = Wil + g1 (e (n+ S+ ) X300 + wlg e (n+ 5+ 5) 500

The aliasing correction term of the second aspect described with respect to Figs. 1b, 3a

after overlap-add, windowing and time reversal is:

N-—-1

)= ) niln)

feu
with

s

me(n) = wn)w(N + n) {w{:w} {0{,?;“‘““1(1&1) ~ g;( fb}) Ck (m%[i - %) ‘

[
&

) ” . 0 3N Iy
+ w(N + n) (gj%(m - ﬁg;{kﬁ:)‘) Cre (w-;ww - ‘;;)}gj(k}}

L e
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The cosine terms have the following symmeiries:

5N 1 3N 1
- alhend

2 2 2
3N 1 N 1
w(F-m-g)=-alzene )

Substituting these leads to:

H

wmw( + n) [wn)gjs (e (5+ n+ 3) X1 ()
~w(N + n)g,_ 1(fc)ck( Fn+ )x (k)
~w(mg; (ke (B + n+ 2) X2 (o)
rwN + n)g;(k)e (5 + n+ 2 ‘W
e = w2mwV + ngj_1 (e (3 + n+ 2) X1 (k)
~w(mw2(V + n)g; (e (3+ n+ 5) X 06)
~w2mw(N + n)g;(k)c (3 + n+ 3) Xy ()

e wmw(V + mg;00ce (F+ n+ 3) %K)

i (n)

Subtracting 1, (n) from v, (n) gives the terms building the output of the aliasing reduction

V) = e(n) = (1= w2m) [wV + m)g; ey (54 n+ 3) X1 (K)
swmgj (B (3+ n+ 2)x,00]
+w?(m) [wV + mg;()e (5 + n+ 3) X1 (K)

sw(m)g (0 (5+ n+ 2) X0

Which correspond to a cross-fade between signals reconstructed with gains g;_, (k) and
g;(k) according to the first aspect illustrated and described with reference to Figs. 1a, 5a

and 5b.

Subsequently, reference is made to Figs. 1c and 1d in order to illustrate the relation of
time portions and blocks either on the encoder or analysis side or on the decoder or
synthesis side.
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Fig. 1d illustrates a schematic representation of a 0" time portion to a third time portion
and each time portion of these subsequent time portions has a certain overlapping range
170. Based on these time portions, the blocks of the sequence of blocks representing
overlapping time portions are generated by the processing discussed in more detail with

respect to Fig. 2a showing an analysis side of an aliasing-introducing transform operation.

In particular, the time domain signal illustrated in Fig. 1d, when Fig. 1d applies to the
analysis side is windowed by a windower 201 applying an analysis window. Hence, in
order to obtain the 0" time portion, for example, the windower applies the analysis window
to, for example, 2048 samples, and specifically to sample 1 to sample 2048. Therefore, N
is equal to 1024 and a window has a length of 2N samples, which in the example is 2048.
Then, the windower applies a further analysis operation, but not for the sample 2046 as
the first sample of the block, but for the sample 1025 as the first sample in the block in
order to obtain the first time portion. Hence, the first overlap range 170, which is 1024
samples long for a 50% overlap, is obtained. This procedure is additionally applied for the
second and the third time portions, but always with an overlapping in order to obtain a

certain overlap range 170.

It is to be emphasized that the overlap does not necessarily have to be a 50% overlap, but
the overlap can be higher and lower and there can even be a multi-overlap, i.e. an overlap
of more than two windows so that a sample of the time domain audio signal does not
contribute to two windows and consequently blocks of spectral values only, but a sample
then contributes to even more than two windows/blocks of spectral values. On the other
hand, those skilled in the art additionally understand that other window shapes exist which
can be applied by the windower 201 of Fig. 2a, which have 0 portions and/or portions
having unity values. For such portions having unity values, it appears that such portions
typically overlap with 0 portions of preceding or subsequent windows and therefore a
certain audio sample located in a constant portion of a window having unity values

contributes to a single block of spectral values only.

The windowed time portions as obtained by Fig. 1d are then forwarded to a folder 202 for
performing a fold-in operation. This fold-in operation can for example perform a fold-in so
that at the output of the folder 202, only blocks of sampling values having N samples per
block exist. Then, subsequent to the folding operation performed by the folder 202, a time-

frequency converter is applied which is, for example, a DCT-IV converter converting N
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samples per block at the input into N spectral values at the output of the time-frequency

converter 203.

Thus, the sequence of blocks of spectral values obtained at the output of block 203 is
illustrated in Fig. 1c, specifically showing the first block 191 having associated a first
modification value illustrated at 102 in Fig. 1a and 1b and having a second block 192
having associated the second modification value such as 106 illustrated in Figs. 1a and
1b. Naturally, the sequence has more blocks 193 or 194, preceding the second block or
even leading the first block as illustrated. The first and second blocks 191, 192 are, for
example, obtained by transforming the windowed first time portion of Fig. 1d o obtain the
first block and the second block is obtained by transforming the windowed second time
portion of Fig. 1d by the time-frequency converter 203 of Fig. 2a. Hence, both blocks of
spectral values being adjacent in time in the sequence of blocks of spectral values

represent an overlapping range covered the first time portion and the second time portion.

Subsequently, Fig. 2b is discussed in order to illustrate a synthesis-side or decoder-side
processing of the result of the encoder or analysis-side processing of Fig. 2a. The
sequence of blocks of spectral values output by the frequency converter 203 of Fig. 2a is
input into a modifier 211. As outlined, each block of spectral values has N spectral values
for the example illustrated in Figs. 1c to 2b. Each block has associated its modification
values such as 102, 104 illustrated in Figs. 1a and 1b. Then, in a typical IMDCT operation
or a typical redundancy-reducing synthesis transform, operations illustrated by a
frequency-time converter 212, a folder 213 for folding out, a windower 214 for applying a
synthesis window and an overlap/adder operation illustrated by block 215 are performed
in order to obtain the time domain signal in the overlap range. The same has, in the
example, 2N values per block, so that after each overlap and add operation, N new
aliasing-free time domain samples are obtained provided that the modification values 102,
104 are not variable over time or frequency. However, if those values are variable over
time and frequency, then the output signal of block 215 is not aliasing-free, but this
problem is addressed by the first and the second aspect of the present invention as
discussed in the context of Figs. 1b and 1a and as discussed in the context of the other
figures in the specification.

Subsequently, a further illustration of the procedures performed by the blocks in Fig. 2a
and Fig. 2b is given,



10

15

20

30

WO 2015/025052 17 PCT/EP2014/067945

The illustration is exemplified by reference to the MDCT, but other aliasing-introducing
transforms can be processed in a similar and analogous manner. As a lapped transform,
the MDCT is a bit unusual compared to other Fourier-related transforms in that it has half

as many outputs as inputs (instead of the same number). In particular, it is a linear
function F: R* — R" (where R denotes the set of real numbers). The 2N real numbers

x0, . .., x2N-1 are transformed into the N real numbers X0, ..., XN-1 according to the

AN
X, = ancos z n+l+£][k+-l~
pard N 2 2 2

(The normalization coefficient in front of this transform, here unity, is an arbitrary

formula;

convention and differs between treatments. Only the product of the normalizations of the
MDCT and the IMDCT, below, is constrained.)

The inverse MDCT is known as the IMDCT. Because there are different numbers of inputs
and outputs, at first glance it might seem that the MDCT should not be invertible.
However, perfect invertibility is achieved by adding the overlapped IMDCTs of time-
adjacent overlapping blocks, causing the errors to cancel and the original data to be

retrieved; this technique is known as time-domain aliasing cancellation (TDAC).

The IMDCT transforms N real numbers X0, ..., XN-1 into 2N real numbers y0, ..., y2N-1

according to the formula:

N-l ’
¥, = »-LZX , CO8 us n+l+ Bl icm%wi
N& N 2 2 2/

(Like for the DCT-IV, an orthogonal transform, the inverse has the same form as the

forward transform.)

In the case of a windowed MDCT with the usual window normalization (see below), the
normalization coefficient in front of the IMDCT should be multiplied by 2 (i.e., becoming
2/N).

In typical signal-compression applications, the transform properties are further improved

by using a window function wn (n = 0, ..., 2N-1) that is multiplied with xn and yn in the
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MDCT and IMDCT formulas, above, in order {o avoid discontinuities at the n = 0 and 2N
boundaries by making the function go smoothly to zero at those points. (That is, one
windows the data before the MDCT and after the IMDCT.) In principle, x and y could have
different window functions, and the window function could also change from one block to
the next (especially for the case where data blocks of different sizes are combined), but
for simplicity one considers the common case of identical window functions for equal-

sized blocks.

The transform remains invertible (that is, TDAC works), for a symmetric window wn =

w2N-1-n, as long as w satisfies the Princen-Bradley condition:
wj‘ + Wiw =]

various window functions are used. A window that produces a form known as a modulated

lapped transform is given by

4 1
w, =sin| —| n+—
[EN( ZH

and is used for MP3 and MPEG-2 AAC, and

w =sin| —sin® | — Bt —
' P PTG

for Vorbis. AC-3 uses a Kaiser-Bessel derived (KBD) window, and MPEG-4 AAC can also

use a KBD window.

Note that windows applied to the MDCT are different from windows used for some other
types of signal analysis, since they must fulfill the Princen-Bradley condition. One of the
reasons for this difference is that MDCT windows are applied twice, for both the MDCT

(analysis) and the IMDCT (synthesis).

As can be seen by inspection of the definitions, for even N the MDCT is essentially
equivalent to a DCT-IV, where the input is shifted by N/2 and two N-blocks of data are
transformed at once. By examining this equivalence more carefully, important properties
like TDAC can be easily derived.
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in order to define the precise relationship to the DCT-1V, one must realize that the DCT-IV
corresponds to alternating even/odd boundary conditions: even at its left boundary
(around n=-1/2), odd at its right boundary (around n=N-1/2), and so on (instead of

periodic boundaries as for a DFT). This follows from the identities and. Thus, if its inputs

cOS £(~n~i+l)(k+-¥~}
N 2 2]

cos £(2N—n-l+~l~)(!€+i) = —CO0S 5(1/14——1—](:’(%»—1—] .
N 2 2 N 2 2

Thus, if its inputs are an array x of length N, one can imagine extending this array to (x,

-xR, =%, xR, ...) and so on, where xR denotes x in reverse order.

Consider an MDCT with 2N inputs and N outputs, where one divides the inputs into four
blocks (a, b, ¢, d) each of size N/2. If one shifts these to the right by N/2 (from the +N/2
term in the MDCT definition), then (b, ¢, d) extend past the end of the N DCT-IV inputs, so

one must "fold" them back according to the boundary conditions described above.

Thus, the MDCT of 2N inputs (a, b, ¢, d) is exactly equivalent to a DCT-IV of the N inputs:

(-cR~d, a~-bR), where R denotes reversal as above.

This is exemplified for window function 202 in Fig. 2a. a is the portion 204b, b is the
portion 205a, ¢ is the portion 205b and d is the portion 206a.

(In this way, any algorithm to compute the DCT-IV can be trivially applied to the MDCT.)

Similarly, the IMDCT formula above is precisely 1/2 of the DCT-IV (which is its own
inverse), where the output is extended (via the boundary conditions) to a length 2N and
shifted back to the left by N/2. The inverse DCT-IV would simply give back the inputs
(=cR-d, a~bR) from above. When this is extended via the boundary conditions and

shifted, one obtains:

IMDCT(MDCT(a, b, ¢, d)) = (a~bR, b-aR, c+dR, d+cR)/ 2.
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Half of the IMDCT outputs are thus redundant, as b—-aR = ~-{a-bR)R, and likewise for the
last two terms. If one groups the input into bigger blocks A,B of size N, where A=(a, b) and

B=(c, d), one can write this result in a simpler way:

IMDCT(MDCT(A, B)) = (A-AR, B+BR) / 2

One can now understand how TDAC works. Suppose that one computes the MDCT of the
time-adjacent, 50% overlapped, 2N block (B, C). The IMDCT will then vyield, analogous to
the above: (B-BR, C+CR) / 2. When this is added with the previous IMDCT result in the
overlapping half, the reversed terms cancel and one obtains simply B, recovering the

original data.

The origin of the term "time-domain aliasing cancellation” is now clear. The use of input
data that extend beyond the boundaries of the logical DCT-IV causes the data to be
aliased in the same way that frequencies beyond the Nyquist frequency are aliased to
lower frequencies, except that this aliasing occurs in the time domain instead of the
frequency domain: one cannot distinguish the contributions of a and of bR to the MDCT of
(a, b, ¢, d), or equivalently, to the result of IMDCT(MDCT(a, b, ¢, d)) = (a-bR, b-aR,
c+dR, d+cR) / 2. The combinations c—dR and so on, have precisely the right signs for the

combinations to cancel when they are added.

For odd N (which are rarely used in practice), N/2 is not an integer so the MDCT is not
simply a shift permutation of a DCT-IV. In this case, the additional shift by half a sample
means that the MDCT/IMDCT becomes equivalent to the DCT-II/Il, and the analysis is

analogous fo the above.

We have seen above that the MDCT of 2N inputs (a, b, ¢, d) is equivalent to a DCT-IV of
the N inputs (-cR-d, a-bR). The DCT-IV is designed for the case where the function at
the right boundary is odd, and therefore the values near the right boundary are close to 0.
If the input signal is smooth, this is the case: the rightmost components of a and bR are
consecutive in the input sequence (a, b, ¢, d), and therefore their difference is small. Let
us look at the middle of the interval: if one rewrites the above expression as (-cR-d,
a-bR) = (-d, a)~(b,c)R, the second term, (b,c)R, gives a smooth transition in the middle.
However, in the first term, (~d, a), there is a potential discontinuity where the right end of
-d meets the left end of a. This is the reason for using a window function that reduces the

components near the boundaries of the input sequence (a, b, ¢, d) towards 0.
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Above, the TDAC property was proved for the ordinary MDCT, showing that adding
IMDCTs of time-adjacent blocks in their overlapping half recovers the original data. The
derivation of this inverse property for the windowed MDCT is only slightly more

complicated.

Consider to overlapping consecutive sets of 2N inputs (A,B) and (B,C), for blocks A,B,C of
size N. Recall from above that when (4,B) and (B,C)are input into an MDCT, an
IMDCT, and added in their overlapping half, one obtains(B+ B,)/2+(B~B,)/2 =B, the

original data.

Now one supposes that one multiplies both the MDCT inputs and the IMDCT outputs by a

window function of length 2N. As above, one assumes a symmetric window function,
which is therefore of the form (W,WW,) where W is a length-N vector and R denotes
reversal as before. Then the Princen-Bradley condition can be written as w2 + w3 = (1, 1,...),

with the squares and additions performed elementwise.

Therefore, instead of performing an MDCT (A,B), one now MDCTs (WA WgB) with all
multiplications performed elementwise. When this is input into an IMDCT and multiplied

again (elementwise) by the window function, the last-N half becomes:
Wi (WrB+(WrB)r)=Wa (WeB+WBR)=Wr*B+WWrBr

(Note that one no longer has the multiplication by 1/2, because the IMDCT normalization

differs by a factor of 2 in the windowed case.)

Similarly, the windowed MDCT and IMDCT of (B,C)
yields, in its first-N half:

W -(WB-W,B,)=W?B-WW,B,
When one adds these two halves together, one recovers the original data. The

reconstruction is also possible in the context of window switching, when the two

averlapping window halves fulfill the Princen-Bradley condition. Aliasing reduction could in
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this case done exactly the same way as described above. For transforms with multiple

overlap, more than two branches would be required using all involved gain values.

Subsequently, the first aspect is discussed in more detail by referring to Figs. 5a and 5b.
Specifically, the processor 100 illustrated in Fig. 1a may include all or just a part of the
elements 501 to 506 illustrated in Figs. 5a in the box defined by reference number 100.
Preferably, the processor 100 comprises a modifier for modifying the first block of the
sequence illustrated as X, using the at least one first modification value 102 to obtain a
first modified block 551. This modification is preferably performed by a gain multiplier 510,
which can be implemented digitally or analogous or in any other suitable way.
Furthermore, the modifier is configured to modify the second block indicated as X(k) using
the at least one second modification value 106 to obtain a second modified block 552.
This modification is again preferably performed by a multiplier 509 which can be
implemented in the same way as the multiplier 510 or in a different manner. Furthermore,
the modifier is configured for modifying the second block Xi(k) using the at least one first
modification value 102 to obtain a third modified block 553, where this maodification again
can be performed by a multiplier 508 which can be implemented in the same or in a

different way with respect to multipliers 510 or 509.

Furthermore, the modifier is configured to modify the first block x., using the at least one
second modification value 106, i.e. X(k) to obtain a fourth modified block 554. Preferably,
the fourth modified block 554 is again generated by a multiplier 507 which can be
implemented in the same or in a different way with respect to multipliers 510, 509, 508.

Furthermore, the processor 100 preferably comprises a spectrum-time converter for
converting the first to fourth modified blocks 551 to 554 into corresponding time
representations 561, 562, 563, 564. In particular, the spectrum-time converter is
implemented as comprising the IMDCT blocks 501, 502, 503, 504 generating
corresponding first to fourth modified blocks 561 to 564. The spectrum-time converter can
be implemented as an IMDCT algorithm comprising actual elements 212 (frequency-time
converter), 213 (folder for a fold-out) and 214 (a synthesis windower) of Fig. 2b. However,
the specirum-time converter can be implemented as any other aliasing-reducing
transformer which results, at an output, in a block of time domain sampling values having

a higher number of samples compared to the number of samples at an input thereof.
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Alternatively, for a computationally efficient implementation, not the full IMDCT or the
entire aliasing-reducing inverse transform might be calculated, but only the temporal
section containing the aliasing reduced or aliasing cancelling signal. Along this lines, e.g.
in case of IMDCT one fold-out operation and half of the synthesis windowing operation
might be omitted. Hence, the processor may be configured for performing lapped
transforms having an overlapping range, and wherein the processor is configured for only
performing operations influencing values in the overlapping range and for not performing
operations not influencing values in the overlapping range. Regarding Fig. 2b, the
operations not influencing the overlapping range are the fold-out operations of block 213
influencing the first half of the preceding block and the second half of the current block.
Furthermore, corresponding windowing operations for the first half of the preceding block
and the second half of the current block are also not necessary for this efficient
implementation. This is due to the fact that only the second half of the preceding block

and the first half of the current block for the overlapping range.

In the embodiment in Fig. 5a, the number of samples input into the IMDCT block is equal
to N and the number of samples output by the IMDCT block is 2N. However, other number
ratios corresponding to other overlap factors can be implemented as long as the number
of samples output by the spectrum-time converter is greater than the number of spectral

domain samples input into the corresponding spectrum-time converter.

Furthermore, the spectrum-time converter can be implemented as containing individual
spectrum time converters for each individual signal to be converted or may comprise a
single spectrum time converter such as only block 501 of Fig. 5a and a corresponding

sequence controller in order to sequentially transform one modified block after the other.

Furthermore, the processor 100 comprises an overlap-adder for overlap-adding
representations of the first 561 and the third 563 modified blocks to obtain the first result

signal 104 which is aliasing-free or at least aliasing-reduced.

Furthermore, the overlap-adder is configured for overlap-adding time representations of
the second 562 and the fourth 564 modified blocks to obtain the second result signal 108
which is also aliasing-free or at least aliasing-reduced. This overlap-add operation for the
first and the third time representations is performed by overlap-add block 505 and the
other overlap-add operation for the time representations of the second and fourth modified

blocks, i.e. for the signal on line 562 and 564 is performed by a further overlap-add block
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506. Again, the overlap-adder can have separate such blocks or a single block and a
corresponding sequence control or can be implemented in any other imaginable way in
order to obtain the defined result. Preferably, each of the blocks 505, 506 is implemented
in the corresponding block 215 described in the context of Fig. 2b.

Preferably, the combiner 110 in Fig. 5a is configured to combine the first result signal 104
and the second result signal 108 by fading out the first result signal and by fading in the
second result signal. To this end, a fade-out block 520 for the first result signal 104 and
the fade-in block 521 for the second result signal are provided. The actual combination
may be performed by an adder 522 illustrated in Fig. 5a as a separate element. However,
it is to be emphasized that the actual operation of the combiner 510 is preferable a
weighted linear combination where, for each sample, the fade-out function 520 provides a
certain weighting factor and then the corresponding sample weighted by this weighting
factor is added to a corresponding sample from the other result signal being weighted with
a weighting factor provided by the fade-in function 521 for the corresponding sample.

As outlined, the processor 100 is configured to perform an IMDCT operation in performing
a spectrum-time conversion and this IMDCT operation may comprise the functionalities of
blocks 212, 213, 214, but the IMDCT operation can be implemented in any other way, and
a number efficient IMDCT algorithms obtaining basically the same result as discussed in

the context of Figs. 2a and 2b are well-known.

Furthermore, the processor 100 is configured to perform an overlap-add processing
operation 505, 506 in calculating the first and second result signals in an overlap range
illustrated at 170 in Fig. 1d. Furthermore, the combiner 104 is configured to combine the
first and second result signals in a combining range, i.e. for example in an overlap-add

range where this combining range is equal to the overlap range.

Hence, it is to be emphasized that Fig. 1d can also be considered to represent the
overlap-add operation performed by block 215 on the synthesis side. Then, each “time
portion” in Fig. 1d represents a block output by the synthesis windower 214 of Fig. 2b, and
samples in the overlap range of the one windowed block are added to samples in the
overlap range of the next windowed block. Furthermore, the corresponding samples are
weighted with weighting factors provided by a fade-out function such as 520 and a fade-in
function 522 as necessary. For example, when the first time portion corresponds to a

windowed block, then, in the overlap range 170 in Fig. 1d, the first time portion would be



10

15

20

25

30

35

WO 2015/025052 25 PCT/EP2014/067945

faded out during the overlap range and at the same time, the second time portion would
be faded in within the overlap range. Hence, a fade-out function would provide fade-out
factors decreasing from 1 to 0 preferably in a linear way and equally distributed over the
number of samples from 1 to N. Thus, when the length of a windowed block is 2N, then
the interval between 1 and 0 would be separated into N equal intervals and for each
interval, the fade-out factor would be determined as the center of each interval, for
example. Similarly, a fade-in function would be a function providing linearly increasing

fading-in factors from 0 to 1 again with N equal intervals.

However, other functions apart from linear functions can be applied, and it is preferred
that, for each sample, the sum of the fade in factor for the sample and the fade-out factor
for the sample is equal to 1 so that the fade-in/fade-out or, generally, the cross-fade does
not result in an amplitude or loudness variation of the audio signal. Therefore, a sum of a
fade-out part and the fade-in part for each sample in a cross-fade range is constant and
preferably equal to 1.

Preferably, the present invention is applied in the context of a bandwidth filling
functionalities in the context of Fig. 5b. Bandwidth extension means that the bandwidth of
the input signal is extended so that typically the output signal generated by the bandwidth
extension technology has a higher bandwidth than the input signal. On the other however,
bandwidth filling technologies also exist, which do not necessarily increase the bandwidth,
but which fill in spectral holes within the input signal. When the upper frequency band is
considered to be a "spectral hole”, then a bandwidth filling functionality is similar to a
bandwidth extension technology. However, if a spectral hole of the input signal which is
located, with respect to frequency, below a range for which spectral values exist, then the
bandwidth filling functionality does not extend the bandwidth, but the result of the
technology has the same bandwidth as the input. In this context, SBR, for example, is an
example of a bandwidth extension technology and intelligent gap filling (IGF) is an
example for a general bandwidth filling functionality without necessarily increasing the
bandwidth of the input signal.

Preferably, the processor 100 is configured to apply a bandwidth filling functionality having
a patching function to patch spectral values form a source range 300 to a target range
334, and the processor is configured to apply the patching function in calculating the first
and the second result signals. Exemplarily, Fig. 3c illustrates a patcher for generating,

from a sequence of blocks of spectral values which have a high resolution or which
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represent a source range, a sequence 334 of blocks of spectral values in a bandwidth
filling range or target range. The patcher is indicated at 332 in Fig. 3c and may be
implemented to apply a patching function P(k) as illustrated. Optionally, as illustrated in
Fig. 3c and in case of a bandwidth filling functionality applied, the construction of the
processor 100 and the combiner 110 is the same as if no bandwidth filling is applied apart
from the fact that the sequence of blocks of spectral values indicated at 334 in Fig. 5b is
an output of the patcher in Fig. 3c and the gain factors 102, 106 or, generally, the
modification factors for each block, are as defined by the certain bandwidth filling
functionality such as spectral band replication, intelligent gap filling or any other bandwidth
filling functionality. Thus, the patcher 332 can be part of the processor or can be

implemented as a pre-processing stage applied at the input into the processor.

Hence, the apparatus for processing an audio signal comprises a patcher, either as part of
the processor 100 or as a block applied in the signal processing direction, before the
processor 100 of Fig. 1a, where this patcher is configured for generating the first block in
a bandwidth filling range using spectral values from a different frequency range, i.e. from a
source range in accordance with a patching function for the first block and the patcher is
additionally configured for generating the second block of spectral values in a bandwidth
filling range or target range using spectral range from a different frequency region or
source region in accordance with a patching function for the second block, which can be

the same patching function or a different patching function.

Furthermore, as already discussed in the context of Fig. 5a or 5b, the processor is
configured to perform a multiplication-like functionality 510, 509, 508, 507 for modifying

the first and second blocks using gain functions or gain values as modifications values.

Further embodiments of the second aspect of the present invention are discussed in the

context of Figs. 3a and 3b.

Fig. 3a and 3b all show an apparatus for processing an audio signal comprising a
sequence of blocks of the spectral values 114. Each implementation comprises a
processor 150 for calculating an aliasing-affected signal 154 using at least one first
modification values 102 for a first block of the sequence of blocks 114 and at least one
different second modification value for a second block of the sequence of blocks.
Preferably, the functionality of the processor for calculating an aliasing-affected signal

comprises a gain modifier for modifying the first block using at least one first modification
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value to obtain a first modified block 351. This modification is preferably performed by a
muttiplier 310 but can be implemented as discussed in the context of the corresponding
multiplier 510 of Fig. 5. Furthermore, the gain modifier is configured for modifying the
second block X(k) using the at least one second modification value 106 to obtain a
second modified block 352, This modification once again can be performed by a mulliplier
309, which again can be implemented as discussed in the context of multiplier 510. To
generate the aliasing-affected signal, the processor 150 comprises a spectrum-time
converter for converting the first and second modified blocks into time domain
representations 361, 362, and additionally an overlap-adder is configured for overlap
adding the time domain representations of the first and second blocks, i.e. 361 and 362, to
obtain the aliasing-affected signal 154.

Furthermore, the processor is also configured for estimating the aliasing-error signal. To
this end, the processor 150 comprises a further functionality of the gain modifier illustrated
by a multiplier 308 and 307 in order to modify the first block and the second block using
the at least one first modification value 102 or the at least one second modification value
106 to obtain a third modified block 353 and a fourth modified block 354.

Furthermore, a spectrum-time converter is illustrated at 303 and 304 to convert the third
modified block 353 and the fourth modified block 354 into a time domain representation
363 and 364, respectively, and these third and fourth modified blocks are then processed
by an overlap-adder for overlap-adding the time domain representations of the third and

fourth modified blocks in order to obtain the aliasing-error signal 158.

In order to manipulate the aliasing-error signal 158 for obtaining a good combination with
the aliasing-affected signal 158, the combiner comprises a windower 330 for applying a

window function, and a time-reversal block 340 for time-reversing a signal.

The difference between the gain modification values is applied in the frequency domain,
i.e. in the processor before performing the spectral-time conversion in blocks 303 and
304. To this end, reference is made to Fig. 3a. In particular, in this embodiment, the
processor comprises the gain modifier, which is configured for modifying the first block x4
via the multiplier 307 using a difference between the at least one first modification value
and the at least one second modification value, where this difference is preferably
calculated per frequency value or spectral value as indicated by the index k in Fig. 3a.

Furthermore, the gain modifier is configured for modifying the second block using the
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difference 125 within a multiplier 308 in order to obtain the third modified block 353 and
the fourth modified block 354. In this embodiment, which is illustrated in Fig. 3a, the

combiner comprises the window 330 and the time-reversal 340.

Although the sequence of processing operations within the combiner is indicated so that
the windower 330 is operated in signal flow direction before the time reversal 340, it

becomes clear that the order of operations of these elements can also be reversed.

Therefore, the processor 150 in Fig. 3a is so that the gain modifier modifies the first block
and the second block using the at least one first or the at least one second modification
values. The modification in Fig. 3a incurs both modification values due to the fact that the
difference between both modification values is actually used for modification which is
performed, for example, by the multipliers 308, 307, where the gain difference is indicated
at 125 at Fig. 3a.

Furthermore, as outlined, the windowing operation 330 and the time reversal operation
340 are preferably applied. However, for other implementations, for example when the
spectral-time transform is implemented in a different way, it might not be necessary to
apply a time reversal 340 at all. Furthermore, when no analysis or synthesis windows are
applied, but when only, for example, “rectangular windows” are applied, then the

windowing 330 can also be dispensed with.

in a preferred embodiment, however, the windower and the time reverser operator are

illustrated and are positioned in the illustrated order.

Subsequently, Fig. 3b is discussed in more detail. Fig. 3b is analogous to Fig. 3a in that
the application of the gain “difference” is applied in the frequency domain. However, due
to the fact that a patching operation is applied, the gain difference cannot be applied

explicitly, but the different patching operations are preferably accounted for.

Therefore, in order to obtain the aliasing-error signal, in the patching operation in the
context of a bandwidth filling functionality as discussed in the context of Fig. 3c, the
following procedures are preferably applied. First of all, the block of spectral values 306a
is calculated, which is the first block, but the first block is patched via the patching
operation for the second block and this first block 306a is then multiplied by the gain factor
106 for the second block.
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Furthermore, as illustrated, the first block of spectral values 306b is generated, which is
the same as the first block 304b, i.e. the first block, to which the patching operation
associated with the first block is applied, and the signal is then multiplied by the first
modification factor 102. Then, the signals generated by the multipliers are combined such
as subtracted or added together in 329 which can be implemented as a subtractor or an
adder with a negated input etc. Then, the third modified block is obtained which basically
corresponds to block 353. In a similar manner, block 354 is obtained, i.e. by patching the
second block X; with the patching operation for the second block, i.e. by using block 304b
and multiplying this block with the second modification factor 106. However, the second
block is also subjected to a patching algorithm associated with the first block as indicated
at item 306d and the result is then multiplied by the first multiplication factor via multiplier
307b. The output signals of the multipliers 307a and 307b are then added together in
adder 328 in order to finally obtain the fourth modified block 354. Then, the third and
fourth modified blocks 353 and 354 are subjected to a spectral-time transform as
discussed in the context of Fig. 3a and are then overlap-added using block 306 as
illustrated in Fig. 3b. Then, the same operations in the combiner, such as windowing 330,
time-reversal 340, and finally combining 152 are performed in order to finally obtain the

aliasing-free signal 112.

Although the present invention has been described in the context of block diagrams where
the blocks represent actual or logical hardware components, the present invention can
also be implemented by a computer-implemented method. In the latter case, the blocks
represent corresponding method steps where these steps stand for the functionalities

performed by corresponding logical or physical hardware blocks.

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps
may be executed by (or using) a hardware apparatus, like for example, a microprocessor,
a programmable computer or an electronic circuit. In some embodiments, some one or

more of the most important method steps may be executed by such an apparatus.
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The inventive transmitted or encoded signal can be stored on a digital storage medium or
can be transmitted on a transmission medium such as a wireless transmission medium or

a wired transmission medium such as the Internet.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
digital storage medium, for example a floppy disc, a DVD, a Blu-Ray, a CD, a ROM, a
PROM, and EPROM, an 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.

Some embodiments according to the invention comprise a data carrier having
electronically readable conifrol signals, which are capable of cooperating with a
programmable computer system, such that one of the methods described herein is

performed.

Generally, embodiments of the present invention can be implemented as a computer
program product with a program code, the program code being operative for performing
one of the methods when the computer program product runs on a computer. The

program code may, for example, be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods

described herein, stored on a machine readable carrier.

In other words, an embodiment of the inventive method is, therefore, a computer program
having a program code for performing one of the methods described herein, when the

computer program runs on a computer.

A further embodiment of the inventive method is, therefore, a data carrier (or a non-
transitory storage medium such as 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, the digital storage medium or the recorded

medium are typically tangible and/or non-transitory.
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A further embodiment of the invention method is, therefore, a data stream or a sequence
of signals representing the computer program for performing one of the methods
described herein. The data stream or the sequence of signals may, for example, be
configured to be transferred via a data communication connection, for example, via the

internet,

A further embodiment comprises a processing means, for example, a computer or a
programmable logic device, configured to, or adapted to, perform one of the methods

described herein.

A further embodiment comprises a computer having installed thereon the computer

program for performing one of the methods described herein.

A further embodiment according to the invention comprises an apparatus or a system
configured to transfer (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 embodiments, 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 embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,

the methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art. It is the intent,
therefore, to be limited only by the scope of the impending patent claims and not by the
specific details presented by way of description and explanation of the embodiments

herein.
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Claims

Apparatus for processing an audio signal comprising a sequence of blocks of

spectral values, comprising:

a processor for calculating an aliasing-affected signal using at least one first
modification value for a first block of the sequence of blocks and using at least one
different second modification value for a second block of the sequence of blocks
and for estimating an aliasing-error signal representing an aliasing-error in the

aliasing-affected signal; and

a combiner for combining the aliasing-affected signal and the aliasing-error signal
such that a processed signal obtained by the combining is an aliasing-reduced or

aliasing-free signal,

wherein the processor comprises:

a modifier for modifying the first block using the at least one first modification
value to obtain a first modified block, for modifying the second block using the
at least one second modification value to obtain a second modified block, and
for modifying the first block and the second block using the at least one first or
the at least one second modification value to obtain a third modified block and
a fourth modified block;

a spectrum-time converter for converting the first to fourth modified blocks into

time domain representations; and

an overlap-adder for overlap-adding the time domain representations of the
first and second modified blocks to obtain the aliasing-affected signal and for
overlap-adding the time domain representations of the third and fourth blocks

to obtain the aliasing-error signal; and

wherein the combiner comprises an aliasing signal manipulator for

manipulating the aliasing signal, and
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wherein the combiner comprises an adder for adding a manipulated aliasing-

error signal and the aliasing-affected signal, or

wherein the processor comprises:

a gain modifier for modifying the first block using the at least one first
modification value to obtain a first modified block, for modifying the second
block using the at least one second modification value to obtain a second
modified block, for modifying the second block using a combination between the
at least one first modification value and the at least one second modification
value to obtain a third modified block, and for modifying the first block using the
difference of the at least one first modification value and the at least one second

modification value to obtain a fourth modified block;

a spectrum-time converter for converting the first to fourth modified blocks into

time domain representations; and

an overlap-adder-adding for overlap-adding the time domain representations of
the first and second modified blocks to obtain the aliasing-affected signal and
for overlap-adding the time domain representations of the third and fourth

blocks to obtain the aliasing-error signal; and

wherein the combiner comprises an aliasing signal manipulator for manipulating

the aliasing error signal, and

wherein the combiner comprises an adder or a subtractor for adding or
subtracting a manipulated aliasing-error signal and the aliasing-affected signal,

or

wherein the processor comprises:

a gain modifier for modifying the first block using the at least one first
modification value, wherein the first block is generated using a patching function
associated with the first block to obtain a first modified block, for modifying the
second block using the at least one second modification value, wherein the

second block is generated by a patching operation associated with the second
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block to obtain a second modified block, for modifying the first block using the at
least one second modification value, wherein the first block has been obtained
by using the patching operation associated with the second block to obtain a
first intermediate third modified block, for modifying the first block obtained by
having applied the patching operation associated with the first block using the at
least one first modified value to obtain a second third intermediate modified
block, for combining the first and the second third intermediate modified blocks
to obtain the third modified block, for modifying the second block obtained by
having applied the patching operation associated with the second block using
the at least one second madification value to obtain a first intermediate fourth
modified block, for modifying the second block having obtained by applying the
patching operation associated with the first block using the at least one first
modification value to obtain a second intermediate fourth modified block and for
combining the first and the second fourth intermediate modified blocks to obtain
the fourth modified block;

a spectrum-time converter for converting the first to fourth modified blocks into

time domain representations; and

an overlap-adder-adder for overlap-adding the time domain representations of
the first and second modified blocks to obtain the aliasing-affected signal and
for overlap-adding the time domain representations of the third and fourth

blocks to obtain the aliasing-error signal; and

wherein the combiner comprises an aliasing signal manipulator for manipulating

the aliasing-error signal, and

wherein the combiner comprises an adder for adding a manipulated aliasing-

error signal and the aliasing-affected signal.

Apparatus of claim 1,

wherein the aliasing signal manipulator comprises at least one of the following

elements:
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a windower for applying a window function, and a time reverser for applying a time

reversal operation.

Apparatus of one of the preceding claims,

wherein the combiner is configured to add the aliasing-error signal to the aliasing-
affected signal, when a difference between the at least first modification value and
the at least one second modification value is calculated by subtracting the at least
one first modification value from the at least one second modification value, and
wherein the combiner is configured to add the aliasing-error signal to the aliasing-
affected signal, when, for the calculation of the difference, the at least one second

modification value is subtracted from the at least one first modification value.

Apparatus of one of the preceding claims,

wherein the processor is configured to perform an inverse modified discrete cosine

transform operation in performing a spectrum-time conversion.

Apparatus of one the preceding claims,

wherein the processor is configured to perform an overlap-add processing

operation in calculating the first and second result signals in the overlap range, and

wherein the combiner is configured to combine the first and second result signals
in a combining range, wherein the combining range is identical to the overlap

range.
Apparatus of one of the preceding claims,

wherein the processor is configured for applying a bandwidth filling operation
having a patching function to patch spectral values from a source range to a target

range, and

wherein the processor is configured for applying the patching function in

calculating the first and second result signals.
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Apparatus of one of the preceding claims,

a patcher for generating the first block in a bandwidth filling range using spectral
values from a different frequency range in accordance with a patching function for
the first block, and

for generating the second block in a bandwidth filling range having spectral values
for a different frequency region in accordance with a patching function associated

with the second block.

Apparatus of one of the preceding claims,

wherein the processor is configured to perform a multiplication operation to the first

and second blocks using the gain functions as modification values.

Apparatus of one of the preceding claims,

wherein the processor is configured to apply a spectral-time conversion operation
having a spectrum-time transform part and a synthesis window part applied to an

output of the spectrum-time transform part.

Apparatus of one of the preceding claims,

wherein the processor is configured to operate using modification values varying

over time and frequency.

Apparatus of one of the preceding claims, wherein the processor is configured for
performing lapped transforms having an overlapping range, and wherein the
processor is configured for only performing operations influencing values in the
overlapping range and for not performing operations not influencing values in the

overlapping range.

Method for processing an audio signal comprising a sequence of blocks of spectral

values, comprising:



10

15

20

25

30

35

37

calculating an aliasing-affected signal using at least one first modification value for
a first block of the sequence of blocks and using at least one different second
modification value for a second block of the sequence of blocks and estimating an
aliasing-error signal representing an aliasing-error in the aliasing-affected signal;

and

combining the aliasing-affected signal and the aliasing-error signal such that a
processed signal obtained by the combining is an aliasing-reduced or aliasing-free

signal,

wherein the calculating comprises:

modifying the first block using the at least one first modification value to obtain
a first modified block, modifying the second block using the at least one
second modification value to obtain a second modified block, and modifying
the first block and the second block using the at least one first or the at least
one second moadification value to obtain a third modified block and a fourth
modified block;

converting the first to fourth modified blocks into time domain representations;

and

overlap-adding the time domain representations of the first and second
modified blocks to obtain the aliasing-affected signal and overlap-adding the
time domain representations of the third and fourth blocks to obtain the
aliasing-error signal; and

wherein the combining comprises manipulating the aliasing error signal, and

wherein the combining comprises adding a manipulated aliasing-error signal

and the aliasing-affected signal, or

wherein the calculating comprises:

modifying the first block using the at least one first modification value to obtain a

first modified block, modifying the second block using the at least one second
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modification value to obtain a second modified block, modifying the second
block using a combination between the at least one first modification value and
the at least one second modification value to obtain a third modified block, and
modifying the first block using the difference of the at least one first modification
value and the at least one second modification value to obtain a fourth modified
block;

converting the first to fourth modified blocks into time domain representations;

and

overlap-adding the time domain representations of the first and second modified
blocks to obtain the aliasing-affected signal and overlap-adding the time domain
representations of the third and fourth blocks to obtain the aliasing-error signal;

and

wherein the combining comprises manipulating the aliasing error signal, and

wherein the combining comprises adding or subtracting a manipulated aliasing-

error signal and the aliasing-affected signal, or

wherein the calculating comprises:

modifying the first block using the at least one first modification value, wherein
the first block is generated using a patching function associated with the first
block to obtain a first modified block, modifying the second block using the at
least one second modification value, wherein the second block is generated
by a patching operation associated with the second block to obtain a second
modified block, modifying the first block using the at least one second
modification value, wherein the first block has been obtained by using the
patching operation associated with the second block to obtain a first
intermediate third modified block, modifying the first block obtained by having
applied the patching operation associated with the first block using the at least
one first modified value to obtain a second third intermediate modified block,
combining the first and the second third intermediate modified blocks to obtain
the third modified block, modifying the second block obtained by having

applied the patching operation associated with the second block using the at
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least one second modification value to obtain a first intermediate fourth
modified block, modifying the second block having obtained by applying the
patching operation associated with the first block using the at least one first
modification value to obtain a second intermediate fourth modified block and
combining the first and the second fourth intermediate modified blocks to
obtain the fourth modified block;

converting the first to fourth modified blocks into time domain representations;

and

overlap-adding the time domain representations of the first and second
modified blocks to obtain the aliasing-affected signal and overlap-adding the
time domain representations of the third and fourth blocks to obtain the

aliasing-error signal; and

wherein the combining comprises manipulating the aliasing-error signal, and

wherein the combining comprises adding a manipulated aliasing-error signal

and the aliasing-affected signal.

Computer program for performing, when running on a computer or a processor, the

method of claim 12.



