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calculating the audio subband values using the windowed
samples.
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C

Start

)\/~S100

for(n=319; n>=232;n-){
X[n]=x[n-32]
}

5110

]

for( n=31; n>=0;n-){
x[n}=nextinputAudioSample
}

—5120

for( j=0; j<=319; j+ +){
cij]=0.5*(c[2*j+1]+c[2+]])

5130

for(n=0; n<=319:n+ +){ '
z[n]=x[n] *ci{n}

5140

for(n=0; n<=63;n++){
uln]=zn]
for(j=1j<=4;j++}
u[n]=u[n]-+2[n+j*64i;
}
}

for( k=0; k<=31k++){

WIKI[I]=u[0]*2*exp(i*n/64* (k+0.5)"*(-95))

for(n=1;n<63;n++){

WIKI[1]=WIK][1] +u[n}*2*exp(i*n/64* (k+0.5)*(2*n-95))

5160

Done

8170
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C Start

}/~s100

for( n=319; n>=32;n-){
x[n]=x[n-32]
}

— 35110

for(n=31;, n>=0;n-){
x[n]=nextinputAudioSample

}

5120

for( j=0; j<=319; j+ +){
cifj]=0.5"(c[2*j+1]+c[2+]])
}

—5130

for(n=0; n<=319:n+ +){
z[n]=x{n]*ci[n]

5140

for(n=0; n<=63;n++){
un]=z[n)
for(j=1;j<=4;j++){
u[n]=un]+z[n+j*64];

— 5150

{

for( k=0; k<=31;k++){

WIKI[1] =u[0]*2*cos(n/64* (k+0.5)*(-95))

for(n=1:n<=63;n++){

WIKI[=WIKI[1] +u[n] *2*cos* (n/64* (k+0.5)* (2*n-95)) ~— 5162

}
}

C Done

8170
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FIG 8A
C Star 5200

tor{ n=1279; n>=128,n-){
V[ﬂ]=V[n-128] \/\8210
}

for(n=0; n<=127; n+ +){
v[n]=Real (X[0] [11/64*exp(i*n/128*(0.5)* (2" n-63)))
for(k=1k<=63k++){
v[n]=v[n] +Raal(X[K][1)/64" exp(i*n/128" (k+0.5)*(2*n-63))) | _ 220
}
}

for(n=0; n<=4:n++){
for(k=0;k<=63;k++}{
0[128*n+k] = v[256™n+K]
g[128*n+64+K] = v[256*n-+192+K]

) 5230
}
for(n=0; n<=639%;n++){
\ wln]=g[n]*c[n] —"5240
for( k=0; k<=63;k++){

temp=w[k]

for(n=1:n<9n++){

temp=temp+w[64*n+k]; 5250

}
nextOutputAudioSample=temp

C Done 5260
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FIG 8B
C Start 5200

for(n=1279; n>=128:n-}{ ]
v[n] =v[n-128] 5210
}

for(n=0; n<=127;: n+ +){
v[n] =X[0]{1]/32*cos(x/128™(0.5)* (2*n-63))
for(k=1k<=63:k++){
v[n]=v[n]+X[K][1)/32* cos(r/128™ (k+0.5)* (2*n-63)) 5222
}
}

for(n=0; n<=4;n++){
for(k=0:k<=63:k++){
0[128*n+k] = v[256*n+k]
g[128*n+64+K] = v[256*n+192+K]

for( n=0; n<=639;n+ +){
} win]=g[n]*¢[n] 5240

for( k=0; k<=63;k++){
temp=wl[K]
for(n=1;n<9;n+ +){
temp=temp +w[64*n+k]; L _—S250

}
nextOutputAudioSample=temp

C Done 5260
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FIG 8C
C Start )——8300

for( n=639; n>=64:n-){
} v[n]=v[n-64] 8310

for(n=0; n<=863; n++){
v[n]=Real (X[0][1]/64™ exp(i*n/64*(0.5)*(2*n-31)))
for(k=1k<=31k++){ |
vin]=v[n]+Real(X[K] [1)/64exp(i*n/64™ (k+0.5)*(2*n-31))) |__— 3320
}

}

for(n=0; n<=4n++){
fork=0:k<=31k++){
g[64*n+k] = v[128*n+K]
g[64*n+32+k] = v[128*n+96+k]

) — 5330
for(j=0; j<=319;j++){
, cifi]=0.5*(c[2*]+ 1] +c[2+]]) +~—S340
for(n=0;n<=319;n4++){

winj=g[n]*ci[n] 5350
for( k=0, k<=31k+ +){

temp=wl[k]

for(n="1;n<9n++){

lemp=temp+w(32*n+k]; L/\ S360

}

nextOutputAudioSample=temp -
}

C Done }/8370




U.S. Patent Oct. 29, 2024 Sheet 14 of 29 US RE50,194 E

FIG 8D
C Start 8300

for( n=639; n>=64;n-){
v[n]=v(n-64] 35310

}

for(n=0;n<=63; n++){
v[n]=X[0][1]/32* cos(n/64*(0.5)* (2*n-31))
fortk=1k<=31k++){
v[n]=v[n)+X[KI[1)/32* cos(n/64* (k-+0.5)* (2*n-31)) 5322

}
}

for(n=0; n<=4;n++){
for(k=0k<=31;k+ +){
g[64*n+Kk] = v[128*n+K]
g[64*n+32+k] = v[128*n+96+Kk]

y 5330
t
for(j=0; j<=319;j++ )}

cifi]=0.5*(c[2*j+ 1]+ cf2+{]) ——S340
}

!

for(n=0;n<=319;n+ +){

wn]=g[n]*ci[n] ——35350
for(k=0; k< =31k+ +){

temp=wlK]

forin=1;n<9:n+ +}{

temp=temp+w[32*n-+k]; —5360

}
nextOutputAudioSample=temp
}

Q Done )\/\8370
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FIG 9A
function [y, state] = 1dfb80 (x, state)
S400
“—— % update buffer
state (640-64+(1:64)) = x;
S410
~——. % apply window
win_ana = 1dfb80_win;
S420

—— % assumes latest samples aligned to the right side of buffer
X_Wwin_orig = state.*win_ana;

S430
\—— % prepare stack

x_stack = reshape (x_win_orig,128,5);
S40 % sign change

x_stack(:,2:2:4)) = -x_stack(:,(2:2:4));
>4%0 % collapse stack

x_stack = sum(-x_stack(end:-1:1,:),2)";
S460

~_— % 0dd FFT of windowed data
temp = fft( x_stack.*exp(-1i*pi*(0:128-1)/128));

% post twiddle
MO T e 2

y = 2*conj (temp (1:64) .*exp(-2i*pi*((0:64-1)+0.5)*m/128));
S480 % shift buffer

state (1:640-64) = state (64+(1:640-64));
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FIG 9B
function [y, state] = Idfb80 32 (x, state)
S400°
~—— % update buffer
state (320-32+(1:32)) = x;
S412
——_% apply window

win_ana = [dfb80_win();
S420  Wwin_ana = (win_ana (1:2:end) + win_ana (2:2:end))/2;

f

% assumes latest samples aligned to the right side of buffer
S430'  X_Win_orig = state.*win_ana;

N—
% prepare stack
gq4q  X_Stack = reshape (x_win_orig,64,5);
\"'\
% sign change
S450 X_stack(:,(2:2:4)) = -x_stack(;,(2:2:4));
\#\% collapse stack
S460° X_stack = sum(-x_stack(end:-1:1,:),2)";
~
% Odd FFT of windowed data
temp = fft( x_stack. *exp(-1i*pi* (0:64-1)/64));
S4t% post twiddle
m=(32+1)/2
sagy VT 2*conj (temp (1:32) .*exp(-2i*pi*((0:32-1) +0.5)*m/64));

% shift buffer
state (1:320-32) = state (32+(1:320-32));
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FIG 10A

function [y, state] = [dfb80 (x, state)
S500
—— % pre twiddling
m = (64+1)/2;
temp = 0.5*conj (x).*exp( (2i*pi*((0:64-1)+0.5)*m/128) );

S50 % 0dd symmetry
temp = [temp conj (temp (64:-1:1))];

$590 % Odd FFT
7y knl = real (ifft (temp ) .* exp(i*pi*(0:128-1)/128));
% expand data; alternating sign flip
S530~—""y knl = -y_knl (128:-1:1);
tmp = [y knl -y knly knl -y knly_kni}’;

% synthesis window
S0~ win_ana = Idfb80_win;
win_syn = win_ana(end:-1:1);

8550\_’\% apply window
tmp = tmp.*win_sys;

5560 % update buffer
~——state (640-64+(1:64)) = 0;
state = state + tmp;

570
S % get output
y = state(1:64);
S580

% shift buffer
state (1:640-64) = state (64+1:640);
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FIG 10B
function [y, state] = Idfb80_32 (x, state)
S500°
—— % pre twiddling
m=(32+1)/2;
temp = 0.5*conj (x).*exp( (2i*pi*((0:32-1)+0.5)*m/64) );
351Q__\% odd symmetry

temp = [temp conj (temp (32:-1:1))];

S52(0" % 0dd FFT
"y Kl = real (ift (temp ) .* exp(i*pi*(0:64-1)/64))

, % expand data; alternating sign flip
S330'~—""y knl = -y knl (64:-1:1);
tmp = [y knl -y knly knl-y knly knl}’;

% synthesis window
SH2— win_ana = 1dfb80_win;
win_syn = win_ana(end:-1:1);
win_syn = (win_syn(1:2:end)+win_syn(2:2:end))/2;

S550
% apply window
tmp = tmp.*win_sys;
S560'
“——=~ % update buffer

state (320-32+-(1:32)) = 0;
o570 State = state + tmp;

N~—
% get output

% shift buffer
state (1:320-64) = state (32+1:320);
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FIG 14A
delay delay
Codec Delay Source (samples] | [ms]
AAC-LD MDCT/IMDCT/
+SBR dual-rate 960.2 40
QMF 577 12
SBR-Overlap 384 8
2881 60
AAC-ELD LD-MDCTALD-IMDCT/
dual-rate 720.2 30
CLDFB 64 1
SBR-Overlap 0 -
1504 31
FIG 14B
Overall delay
Delay [samples] |  Delay [ms] (ms]
LD-MDCT + | 720*2 samples
LD-IMDCT P 30ms
2*288=
QMF 576 samples 12 ms 42 ms
2*32=
CLDFB 64 samples 1.3ms 31.3ms
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1
APPARATUS AND METHOD FOR
GENERATING AUDIO SUBBAND VALUES
AND APPARATUS AND METHOD FOR
GENERATING TIME-DOMAIN AUDIO
SAMPLES

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue; a claim printed with strikethrough
indicates that the claim was canceled, disclaimed, or held
invalid by a prior post-patent action or proceeding.

CROSS-REFERENCE TO RELATED
APPLICATIONS

[This application is a U.S. National Phase entry of PCT
Application No. PCT/EP2007/009200 filed 23 Oct. 2007,
which claims priority to U.S. Provisional Patent Application
No. 60/862,954 filed 25 Oct. 2006.]

This application is a divisional reissue application of Ser.
No. 17/845,375, and is also a reissue application of issued
U.S. Pat. No. 8,438,015, issued May 7, 2013, which is a U.S.
National Phase entry of PCT Application No. PCT/EP2007/
009200 filed 23 Oct. 2007, which claims priority to U.S.
Provisional Patent Application No. 60/862,954 filed 25 Oct.
2006.

More than one reissue application has been filed for the
reissue of U.S. Pat. No. 8,438,015, the first being reissue
application Ser. No. 17/845,375. Additionally, reissue appli-
cations Ser. Nos. 17/845,407, 17/845,435, 17/845,465,
17/845,503, 17/845,520, 17/845,564, 17/845,580, 17/845,
607, and 17/845,632, were filed, all of which are divisional
reissues of U.S. Pat. No. 8,438,015.

BACKGROUND OF THE INVENTION

Embodiments of the present invention relate to an appa-
ratus and method for generating audio subband values, an
apparatus and a method for generating time-domain audio
samples and systems comprising any of the aforementioned
apparatuses, which can for instance be implemented in the
field of modern audio encoding, audio decoding or other
audio transmission-related applications.

Modern digital audio processing is typically based on
coding schemes which enable a significant reduction in
terms of bit rates, transmission bandwidths and storage
space compared to a direct transmission or storage of the
respective audio data. This is achieved by encoding the
audio data on the sender side and decoding the encoded data
on the receiver side before, for instance, providing the
decoded audio data to a listener or to a further signal
processing.

Such digital audio processing systems can be imple-
mented with respect to a wide range of parameters, typically
influencing the quality of the transmitted or otherwise pro-
cessed audio data, on the one hand, and computational
efficiency, bandwidths and other performance-related
parameters, on the other hand. Very often, higher qualities
necessitate higher bit rates, an increased computational
complexity and a higher storage requirement for the corre-
sponding encoded audio data. Hence, depending on the
application in mind, factors as allowable bit rates, an accept-
able computational complexity and acceptable amounts of
data have to be balanced with a desirable and achievable

quality.
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A further parameter, which is especially important in
real-time applications such as a bi-directional or a mono-
directional communication, the delay imposed by the dif-
ferent coding schemes may also play an important role. As
a consequence, the delay imposed by the audio encoding and
decoding poses a further constraint in terms of the previ-
ously mentioned parameters when balancing the needs and
the costs of different coding schemes having a specific field
of application in mind. As such digital audio systems can be
applied in may different fields of applications ranging form
ultra-low quality transmission to a high-end-transmission,
different parameters and different constraints are very often
imposed on the respective audio systems. In some applica-
tions, a lower delay may for instance necessitate a higher bit
rate and, hence, an increased transmission bandwidth com-
pared to an audio system with a higher delay, as comparable
quality level.

However, in many cases, compromises may have to be
taken in terms of different parameters such as bit rate,
computational complexity, memory requirements, quality
and delay.

SUMMARY

According to an embodiment, an apparatus for generating
audio subband values in audio subband channels may have:
an analysis windower for windowing a frame of time-
domain audio input samples being in a time sequence
extending from an early sample to a later sample using an
analysis window function including a sequence of window
coeflicients to acquire windowed samples, the analysis win-
dow function including a first number of window coeffi-
cients derived from a larger window function including a
sequence of a larger second number of window coefficients,
wherein the window coefficients of the window function are
derived by an interpolation of window coefficients of the
larger window function; and wherein the second number is
an even number; and a calculator for calculating the audio
subband values using the windowed samples.

According to another embodiment, an apparatus for gen-
erating time-domain audio samples may have: a calculator
for calculating a sequence of intermediate time-domain
samples from audio subband values in audio subband chan-
nels, the sequence including earlier intermediate time-do-
main samples and later time-domain samples; a synthesis
windower for windowing the sequence of intermediate time-
domain samples using a synthesis window function includ-
ing a sequence of window coefficients to acquire windowed
intermediate time-domain samples, the synthesis window
function including a first number of window coefficients
derived from a larger window function including a sequence
of a larger second number of window coefficients, wherein
the window coefficients of the window function are derived
by an interpolation of window coefficients of the larger
window function; and wherein the second number is even;
and an overlap-adder output stage for processing the win-
dowed intermediate time-domain samples to acquire the
time-domain samples.

According to another embodiment, a method for gener-
ating audio subband values in audio subband channels may
have the steps of: windowing a frame of time-domain audio
input samples being in a time sequence extending from an
early sample to a later sample using an analysis window
function to acquire windowed samples, the analysis window
function including a first number of window coefficients
derived from a larger window function including a sequence
of a larger second number of window coefficients, wherein
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the window coefficients of the window function are derived
by an interpolation by window coefficients of the larger
window function; and wherein the second number is an even
number; and calculating the audio subband values using the
windowed samples.

According to another embodiment, a method for gener-
ating time-domain audio samples may have the steps of:
calculating a sequence of intermediate time-domain samples
from audio subband values in audio subband channels, the
sequence including earlier intermediate time-domain
samples and later intermediate time-domain samples; win-
dowing the sequence of intermediate time-domain samples
using a synthesis window function to acquire windowed
time-domain samples, the synthesis window function
including a first number of window coefficients derived from
a larger window function including a sequence of a larger
second number of window coeflicients, wherein the window
coeflicients of the window function are derived by an
interpolation of window coefficients of the larger window
function; and wherein the second number is even; and
overlap-adding the windowed time-domain samples to
acquire the time-domain samples.

Another embodiment may have a program with a program
code for executing a method for generating audio subband
values in audio subband channels, the method including:
windowing a frame of time-domain audio input samples
being in a time sequence extending from an early sample to
a later sample using an analysis window function to acquire
windowed samples, the analysis window function including
a first number of window coefficients derived from a larger
window function including a sequence of a larger second
number of window coefficients, wherein the window coef-
ficients of the window function are derived by an interpo-
lation by window coeflicients of the larger window function;
and wherein the second number is an even number; and
calculating the audio subband values using the windowed
samples, when running on a processor.

Another embodiment may have a program with a program
code for executing a method for generating time-domain
audio samples, the method including: calculating a sequence
of intermediate time-domain samples from audio subband
values in audio subband channels, the sequence including
earlier intermediate time-domain samples and later interme-
diate time-domain samples; windowing the sequence of
intermediate time-domain samples using a synthesis win-
dow function to acquire windowed time-domain samples,
the synthesis window function including a first number of
window coeflicients derived from a larger window function
including a sequence of a larger second number of window
coeflicients, wherein the window coeflicients of the window
function are derived by an interpolation of window coeffi-
cients of the larger window function; and wherein the second
number is even; and overlap-adding the windowed time-
domain samples to acquire the time-domain samples, when
running on a processor.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the present invention will be detailed
subsequently referring to the appended drawings, in which:

FIG. 1 shows a block diagram of an embodiment of an
apparatus for generating audio subband values;

FIG. 2a shows a block diagram of an embodiment of an
apparatus for generating time-domain audio samples;

FIG. 2b illustrates a functional principle according to an
embodiment of the present invention in the form of an
apparatus for generating time-domain samples;
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FIG. 3 illustrates the concept of interpolating window
coeflicients according to an embodiment of the present
invention;

FIG. 4 illustrates interpolating window coefficients in the
case of a sine window function;

FIG. 5 shows a block diagram of an embodiment of the
present invention comprising a SBR decoder and a SBR
encoder;

FIG. 6 illustrates the delay sources of a SBR system;

FIG. 7a shows a flowchart of an embodiment of a method
for generating audio subband values;

FIG. 7b illustrates a step of the embodiment of the method
shown in FIG. 7a;

FIG. 7c shows a flowchart of an embodiment of a method
for generating audio subband values;

FIG. 8a shows a flowchart of a comparative example of a
method for generating time-domain samples;

FIG. 8b shows a flowchart of a comparative example of
a method for generating time-domain samples;

FIG. 8c shows a flowchart of an embodiment of a method
for generating time-domain samples;

FIG. 8d shows flowchart of another embodiment of a
method for generating time-domain samples;

FIG. 9a shows a possible implementation of a compara-
tive example of a method for generating audio subband
values;

FIG. 9b shows a possible implementation of an embodi-
ment of a method for generating audio subband values;

FIG. 10a shows a possible implementation of a compara-
tive example of a method for generating time-domain
samples;

FIG. 10b shows a further possible implementation of an
embodiment of a method for generating time-domain
samples;

FIG. 11 shows a comparison of a synthesis window
function according to an embodiment of the present inven-
tion and a sine window function;

FIG. 12 shows a comparison of a synthesis window
function according to an embodiment of the present inven-
tion and a SBR QMF prototype filter function;

FIG. 13 illustrates the different delays caused by the
window function and the prototype filter function shown in
FIG. 12;

FIG. 14a shows a table illustrating different contributions
to the delay of a conventional AAC-LD+SBR codec and an
AAC-ELD codec comprising an embodiment of the present
invention;

FIG. 14b shows a further table comprising details con-
cerning the delay of different components of different
codecs;

FIG. 15a shows a comparison of a frequency response of
an apparatuses based on a window function according to an
embodiment of the present invention and an apparatus based
on a sine window function;

FIG. 15b shows a close-up of the frequency response
shown in FIG. 15a;

FIG. 16a shows a comparison of the frequency response
of 4 different window functions;

FIG. 16b shows a close-up of the frequency responses
shown in FIG. 16a;

FIG. 17 shows a comparison of a frequency response of
two different window functions, one window function
according to the present invention and one window function
being a symmetric window function;

FIG. 18 shows schematically the general temporal mask-
ing property of the human ear; and
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FIG. 19 illustrates a comparison of an original audio time
signal, a time signal generated based on HEAAC codec and
a time signal based on codec comprising an embodiment of
the present invention.

DETAILED DESCRIPTION OF THE
INVENTION

FIGS. 1 to 19 show block diagrams and further diagrams
describing the functional properties and features of different
embodiments of apparatuses and methods for generating
audio subband values, of apparatuses and methods for
generating time-domain samples and systems comprising at
least one of the aforementioned apparatuses or methods.
However, before describing a first embodiment of the pres-
ent invention in more detail, it should be noted that embodi-
ments of the present invention can be implemented in
hardware and in software. Hence, implementations
described in terms of block diagrams of hardware imple-
mentations of respective embodiments can also be consid-
ered as flowcharts of an appropriate embodiment of a
corresponding method. Also, a flowchart describing an
embodiment of the present invention can be considered to be
a block diagram of a corresponding hardware implementa-
tion.

In the following, implementations of filterbanks will be
described, which can be implemented as an analysis filter-
bank or a synthesis filterbank. An analysis filterbank is an
apparatus for generating audio subband values in audio
subband channels based on time-domain audio (input)
samples being in a time sequence extending from an early
sample to a later sample. In other words, the term analysis
filterbank can be synonymously used for an embodiment of
the present invention in the form of an apparatus for gen-
erating audio subband values. Accordingly, a synthesis fil-
terbank is a filterbank for generating time-domain audio
samples from audio subband values in audio subband chan-
nels. In other words, the term synthesis filterbank can be
used synonymously for an embodiment according to the
present invention in the form of an apparatus for generating
time-domain audio samples.

Both, an analysis filterbank and a synthesis filterbank,
which are also referred to summarizing as filterbanks, may
for instance be implemented as modulated filterbanks.
Modulated filterbanks, examples and embodiments of which
will be outlined in more detail below, are based on an
oscillations having frequencies which are based on or
derived from center frequencies of corresponding subbands
in the frequency-domain. The term “modulated” refers in
this context to the fact that the aforementioned oscillations
are used in context with a window function or a prototype
filter function, depending on the concrete implementation of
such a modulated filterbank. Modulated filterbanks can in
principle be based on real-valued oscillations such as a
harmonic oscillation (sine-oscillation or cosine-oscillation)
or corresponding complex-valued oscillations (complex
exponential oscillations). Accordingly, the modulated filter-
banks are referred to as real modulated filterbanks or com-
plex filter modulated filterbanks, respectively.

In the following description, embodiments of the present
invention in the form of complex modulated low-delay
filterbanks and real modulated low-delay filterbanks and
corresponding methods and software implementations will
be described in more detail. One of the main applications of
such modulated low-delay filterbanks is an integration into
a low-delay spectral band replication system (SBR), which
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currently is based on using a complex QMF filterbank with
a symmetric prototype filter (QMF=Quadrature Mirror Fil-
ter).

As will become apparent in the framework of the present
description, an implementation of low-delay filterbanks
according to embodiments of the present invention will
provide the advantage of an improved trade-off between
computational complexity, frequency response, temporal
noise spreading and (reconstruction) quality. Furthermore,
an improved trade-off between delay and reconstruction
quality is achievable based on an approach to make use of
so-called zero-delay techniques to extend the filter impulse
response of the respective filterbanks without introducing
additional delay. A lower delay at a predefined quality level,
a better quality at a predefined delay level or a simultaneous
improvement of both the delay and the quality, can be
achieved by employing an analysis filterbank or a synthesis
filterbank according to an embodiment of the present inven-
tion.

Embodiments of the present invention are based on the
finding that these improvements can be achieved by employ-
ing an interpolation scheme to obtain a window function
having a first number of window coefficients based on a
window function having a larger second number of window
coefficients. By employing an interpolation scheme, an
improved distribution of energy values of the window coet-
ficients of the window functions can be achieved. This leads
in many cases to an improved aliasing level and an improve-
ment with respect to the audio quality. For instance, when
the larger window function comprises an even number of
window coeflicients, an interpolation scheme may be useful.

The computational complexity increases only slightly by
employing an interpolation scheme. However, this slight
increase is not only outweighed by the improvement con-
cerning the quality but also by the resulting savings con-
cerning the reduced memory usage when comparing the
situation with two separate window functions being stored
independently. While the interpolation can be carried out in
one or a few cycles of the clock signal of a processor in an
implementation, in many cases leading to an insignificant
delay and increased computational complexity, the addi-
tional memory requirement may be extremely important in
many applications. For instance, in the case of mobile
applications, the memory may be limited, especially when
long window functions having a significant number of
window coeflicients are employed.

Moreover, embodiments according to the present inven-
tion can be used in context with a new window function for
any of the two filterbanks described above, further improv-
ing the aforementioned trade-offs. The quality and/or the
delay can further be improved in the case of an analysis
filterbank by employing an analysis window function com-
prising a sequence of window coefficients, which comprises
a first group comprising a first consecutive portion of the
sequence of window coefficients and the second group of
window coefficients comprising a second consecutive por-
tion of the sequence of window coefficients. The first portion
and the second portion comprise all window coefficients of
the window function. Moreover, the first portion comprises
less window coefficients than the second portion but an
energy value of the window coefficients in the first portion
is higher than an energy value of the window coefficients of
the second portion. The first group of window coefficients is
used for windowing later time-domain samples and the
second group of window coefficients is used for windowed
earlier time-domain samples. This form of the window
function provides the opportunity of processing time-do-
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main samples with window coefficients having higher
energy values earlier. This is a result of the described
distribution of window coefficients to the two portions and
their application to the sequence of time-domain audio
samples. As a consequence, employing such a window
function can reduce the delay introduced by the filterbank at
a constant quality level or enables an improved quality level
based on a constant delay level.

Accordingly, in the case of an embodiment of the present
invention in the form of an apparatus for generating time-
domain audio samples and a corresponding method, a syn-
thesis windower may use a synthesis window function,
which comprises a sequence of window coefficients ordered
correspondingly in a first (consecutive) portion and (con-
secutive) second portion. Also in the case of a synthesis
window function, an energy value or an overall energy value
of' a window coefficient in the first portion is higher than an
energy value or an overall energy value of a window
coeflicient of a second portion, wherein the first portion
comprises less window coeflicients than the second portion.
Due to this distribution of the window coefficients among
the two portions and the fact that the synthesis windower
uses the first portion of windower coefficients for window-
ing later time-domain samples and the second portion of
window coefficients for windowing earlier time-domain
samples, the previously described effects and advantages
also apply to a synthesis filterbank or a corresponding
embodiment of a method.

Detailed descriptions of synthesis window functions and
analysis window functions employed in the framework of
some embodiments of the present invention will be
described later in more detail. In many embodiments of the
present invention, the sequence of window coefficients of
the synthesis window function and/or of the analysis win-
dow function comprise exactly the first group and the second
group of window coefficients. Moreover, each of the win-
dow coeflicients of the sequence of window coefficients
belongs exactly to one of the first group and the second
group of window coefficients.

Each of the two groups comprises exactly one portion of
the sequence of window coefficients in a consecutive man-
ner. In the present description, a portion comprises a con-
secutive set of window coefficients according to the
sequence of the window coeflicients. In embodiments
according to the present invention, each of the two groups
(first and second group) comprises exactly one portion of the
sequence of the window coefficients in the above-explained
manner. The respective groups of window coefficients do not
comprise any window coeflicients, which do not belong to
the exactly one portion of the respective group. In other
word, in many embodiments of the present invention, each
of the first and the second group of window coefficients
comprises only the first portion and the second portion of
window coefficients without comprising further window
coeflicients.

In the framework of the present description, a consecutive
portion of the sequence of window coefficients is to be
understood as a connected set of window coefficients in the
mathematical sense, wherein the set does not lack window
coeflicients compared to the sequence of window coeffi-
cients, which would be lying in a range (e.g. index range) of
the window coefficients of the respective portion. As a
consequence, in many embodiments of the present inven-
tion, the sequence of window coefficients is divided exactly
into two connected portions of window coefficients, which
form each one of the first or the second groups of window
coeflicients. In these cases, each window coefficient com-
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8

prised in the first group of window coefficients is either
arranged before or after each of the window coefficients of
the second group of window coefficients with respect to the
overall sequence of the window coefficients.

In yet other words, in many embodiments according to the
present invention the sequence of window coeflicients is
divided exactly into two groups or portions without leaving
any window coefficients out. According to the sequence of
the window coefficients, which also represents also an order
of these, each of the two groups or portions comprise all
window coeflicients up to (but excluding) or beginning from
(including) a border window coefficient. As an example, the
first portion or first group may comprise window coefficients
having indices from 0 to 95 and from 96 to 639 in the case
of a window function comprising 640 window coefficients
(having indices of 0 to 639). Here, the border window
coeflicient would be that corresponding to index 96. Natu-
rally, other examples are also possible (e.g. 0 to 543 and 544
to 639).

The detailed exampled implementation of an analysis
filterbank described in the following provides a filter length
covering 10 blocks of input samples while causing a system
delay of only 2 blocks, which is the corresponding delay as
introduced by a MDCT (modified discrete cosine transform)
or a MDST (modified discrete sine transform). One differ-
ence is due to the longer filter length covering 10 blocks of
input samples compared to an implementation of a MDCT
or MDST that the overlap is increased from 1 block in the
case of MDCT and MDST to an overlap of 9 blocks.
However, further implementations can also be realized cov-
ering a different number of blocks of input samples, which
are also referred to as audio input samples. Moreover, other
trade-offs can also be considered and implemented.

FIG. 1 shows a block diagram of an analysis filterbank
100 as an embodiment of an apparatus for generating audio
subband values in audio subband channels. The analysis
filterbank 100 comprises an analysis windower 110 for
windowing a frame 120 of time-domain audio input
samples. The frame 120 comprises T blocks 130-1, . . .,
130-T blocks of time-domain audio (input) samples,
wherein T is a positive integer and equal to 10 in the case of
the embodiment shown in FIG. 1. However, the frame 120
may also comprise a different number of blocks 130.

Both, the frame 120 and each of the blocks 130 comprises
time-domain audio input samples in a time sequence extend-
ing from an early sample to a later sample according to a
time line as indicated by an arrow 140 in FIG. 1. In other
words, in the illustration as shown in FIG. 1, the further the
time-domain audio sample, which in this case is also a
time-domain audio input sample, is to the right, the later the
corresponding time-domain audio sample is with respect to
the sequence of the time-domain audio sample.

The analysis windower 110 generates based on the
sequence of time-domain audio samples windowed samples
in the time-domain, which are arranged in a frame 150 of
windowed samples. According to the frame 120 of time-
domain audio input samples, also the frame of windowed
samples 150 comprises T blocks of windowed samples
160-1, . . ., 160-T. In embodiments of the present invention
each of the blocks of windowed samples 160 comprises the
same number of windowed samples as the number of
time-domain audio input samples of each block 130 of
time-domain audio input samples. Hence, when each of the
blocks 130 comprises N time-domain input audio samples,
the frame 120 and the frame 150 each comprise T-N
samples. In this case, N is a positive integer, which may, for
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instance, acquire the values of 32 or 64. For T=10, the
frames 120, 150 each comprise 320 and 640, respectively, in
the case above.

The analysis window 110 is coupled to a calculator 170
for calculating the audio subband values based on the
windowed samples provided by the analysis windower 110.
The audio subband values are provided by the calculator 170
as a block 180 of audio subband values, wherein each of the
audio subband values corresponds to one audio subband
channel. In an embodiment, also the block 180 of audio
subband values comprises N subband values.

Each of the audio subband channels corresponds to a
characteristic center frequency. The center frequencies of the
different audio subband channels may, for instance, be
equally distributed or equally spaced with respect to the
frequency bandwidth of the corresponding audio signal as
described by the time-domain audio input samples provided
to the analysis filterbank 100.

The analysis windower 110 is adapted to windowing the
time-domain audio input samples of the frame 120 based on
an analysis window function comprising a sequence of
window coefficients having a first number of window coef-
ficients to obtain the windowed samples of the frame 150.
The analysis window 110 is adapted to performing the
windowing of the frame of time-domain audio samples 120
by multiplying the values of the time-domain audio samples
with the window coefficients of the analysis window func-
tion. In other words, the windowing comprises and element-
wise multiplying of the time-domain audio samples with a
corresponding window coeflicient. As both, the frame 120 of
time-domain audio samples and the window coefficients
comprise a corresponding sequence, the element-wise mul-
tiplication of the window coefficients and the time-domain
audio samples is carried out according to the respective
sequences, for instance, as indicated by a sample and
window coefficient index.

In embodiments of the present invention, the window
functions used for windowing the frame of time-domain
audio input samples is generated based on a larger window
function comprising a larger second number of window
coeflicients by employing an interpolation scheme as, for
instance, outlined in the context of FIGS. 3 and 4. The larger
window function typically comprises an even number of
window coefficients and may, for instance, be asymmetric
with respect to the sequence of window coefficients. Also
symmetric window functions may be employed.

The window function 190 used for windowing the frame
120 of time-domain input samples is, for instance, obtained
by the analysis windower 110 or the filterbank 100 interpo-
lating the window coefficients of the larger window func-
tion. In embodiments according to the present invention, this
is carried out, for instance, by interpolating consecutive
window coeflicients of the larger window function. Here a
linear, a polynomial or a spline-based interpolation scheme
may be employed.

When, for instance, each window coeflicient of the larger
window function is used once to generate a window coef-
ficient of the window function and the second number is
even, the number of window coefficients of the window
function 190 (first number) is half the second number. Such
an interpolation may be based on a linear interpolation, an
example of which will be outlined in the context of equation
(15) later. However, also other interpolation schemes may be
employed as outlined.

In embodiments of the present invention in the form of an
analysis filterbank 100 as shown in FIG. 1, the analysis
window function, as well as the synthesis window function
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in the case of a synthesis filterbank, may for instance
comprise real-valued windowed coefficients only. In other
words, each of the window coeflicients attributed to a
window coefficient index is a real value.

The window coeflicients together form the respective
window function, an example of which is shown in FIG. 1
as an analysis window function 190. In the following,
window functions will be considered, which allow a reduc-
tion of the delay when used in the context of the described
filterbanks. However, embodiments of the present invention
are not limited to such low-delay window functions.

The sequence of window coefficients forming the analysis
window function 190 comprises a first group 200 and a
second group 210 of window coefficients. The first group
200 comprises a first consecutive and connected portion of
the window coefficients of the sequence of window coeffi-
cients, whereas the second group 210 comprises a consecu-
tive and connected second portion of a window coefficient.
Together with the first portion in the first group 200, they
form the whole sequence of window coefficients of the
analysis window function 190. Moreover, each window
coeflicient of the sequence of window coeflicients belongs
either to the first portion or the second portion of window
coeflicients so that the whole analysis window function 190
is made up by the window coeficient of the first portion and
the second portion. The first portion of window coeflicients
is, hence, identical to the first group 200 of window coet-
ficients and the second portion is identical to the second
group 210 of window coeflicients as indicated by the cor-
responding arrows 200, 210 in FIG. 1.

The number of window coefficients in the first group 200
of'the first portion of window coefficients is smaller than the
number of window coefficients in the second group of the
second portion of window coeflicients. However, an energy
value or a total energy value of the window coeflicients in
the first group 200 is higher than an energy value or total
energy value of the window coefficients in the second group
210. As will be outlined later, an energy value of a set of
window coeflicients is based on a sum of the squares of the
absolute values of the corresponding window coefficients.

In embodiments according to the present invention, the
analysis window function 190 as well as a corresponding
synthesis window function may be therefore asymmetric
with respect to the sequence of window coefficients or an
index of a window coefficient. Based on a definition set of
window coeflicient indices over which the analysis window
function 190 is defined, the analysis window function 190 is
asymmetric, when for all real numbers n a further real
number n, exists so that the absolute value of window
coeflicient corresponding to the window coefficient of the
window coefficient index (n,-n) is not equal to the absolute
value of the window coefficient corresponding to the win-
dow coefficient index (ny+n), when (n,-n) and (n,+n)
belong to the definition set.

Moreover, as also schematically shown in FIG. 1, the
analysis window function 190 comprises sign changes at
which the product of two consecutive window coefficients is
negative. More details and further features of possible
window functions according to embodiments of the present
invention will be discussed in more detail in the context of
FIGS. 11 to 19.

As indicated earlier, the frame of windowed samples 150
comprises a similar block structure with individual blocks
160-1, . . ., 160-T as the frame 120 of individual time-
domain input samples. As the analysis windower 110 is
adapted to windowing the time-domain audio input samples
by multiplying these values with the window coeflicients of
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the analysis window function 190, the frame 150 of win-
dowed samples is also in the time-domain. The calculator
170 calculates the audio subband values, or to be more
precise, the block 180 of audio subband values using the
frame 150 of windowed samples and performs a transfer
from the time-domain into the frequency-domain. The cal-
culator 170 can therefore be considered to be a time/
frequency converter, which is capable of providing the block
180 of audio subband values as a spectral representation of
the frame 150 of windowed samples.

Each audio subband value of the block 180 corresponds to
one subband having a characteristic frequency. The number
of audio subband values comprised in the block 180 is also
sometimes referred to as a band number.

In many embodiments according to the present invention,
the number of audio subband values in block 180 is identical
to the number of time-domain audio input samples of each
of the blocks 130 of the frame 120. In the case that the frame
150 of windowed samples comprises the same block-wise
structure as the frame 120 so that each of the blocks 160 of
windowed samples also comprise the same number of
windowed samples as the block of these time-domain audio
input samples 130, the block 180 of audio subband values
naturally also comprises the same number as the block 160.

The frame 120 can optionally be generated, based on a
block of fresh time-domain audio input samples 220 by
shifting the blocks 130-1, . . ., 130-(T-1) by one block in
the opposite direction of the arrow 140 indicating the
time-direction. Thereby, a frame 120 of time-domain audio
input samples to be processed is generated by shifting the
(T-1) latest blocks of a directly preceding frame 120 of
time-domain audio samples by one block towards the earlier
time-domain audio samples and by adding the fresh block
220 of fresh time-domain audio samples as the new block
130-1 comprising the latest time-domain audio samples of
the present frame 120. In FIG. 1 this is also indicated by a
series of dashed arrows 230 indicating shifting the blocks
130-1, .. ., 130-(T-1) in the opposite direction of the arrow
140.

Due to this shifting of the blocks 130 in the opposite
direction of the time as indicated by arrow 140, a present
frame 120 to be processed, comprises the block 130-(T-1)
of the directly preceding frame 120 as the new block 130-T.
Accordingly, the blocks 130-(T-1), .. ., 130-2 of the present
frame 120 to be processed are equal to the block 130-
(T-2), ..., 130-1 of the directly preceding frame 120. The
block 130-T of the directly preceding frame 120 is dis-
carded.

As a consequence, each time-domain audio sample of the
fresh block 220 will be processed T-times in the framework
of T consecutive processings of T consecutive frames 120 of
time-domain audio input samples. Hence, each time-domain
audio input sample of the fresh block 220 contributes, not
only to T different frames 120, but also to T different frames
150 of windowed samples and T blocks 180 of audio
subband values. As indicated before, in an embodiment
according to the present invention, the number of blocks T
in the frame 120 is equal to 10, so that each time-domain
audio sample provided to the analysis filterbank 100 con-
tributes to 10 different blocks 180 of audio subband values.

In the beginning, before a single frame 120 is processed
by the analysis filterbank 100, the frame 120 can be initial-
ized to a small absolute value (below a predetermined
threshold), for instance the value 0. As will be explained in
more detail below, the shape of the analysis window func-
tion 190 comprises a center point or a “center of mass”,
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which typically corresponds to or lies between two window
coeflicient indices of the first group 200.

As a consequence, the number of fresh blocks 220 to be
inserted into the frame 120 is small, before the frame 120 is
filled at least to a point so that portions of the frame 120 are
occupied by non-vanishing (i.e. non-zero-valued) values
which correspond to window coefficients having a signifi-
cant contribution in terms of their energy values. Typically,
the number of blocks to be inserted into frame 120 before a
“meaningful” processing can begin, is 2 to 4 blocks depend-
ing on the shape of the analysis window function 190.
Hence, the analysis filterbank 100 is capable of providing
blocks 180 faster than a corresponding filterbank employing,
for instance, a symmetric window function. As typically the
fresh blocks 220 are provided to the analysis filterbank 100
as a whole, each of the fresh blocks corresponds to a
recording or sampling time, which is essentially given by the
length of the block 220 (i.e. the number of time-domain
audio input samples comprised in block 220) and the sam-
pling rate or sampling frequency. Therefore, analysis win-
dow function 190, as incorporated into an embodiment of
the present invention, leads to a reduced delay before the
first and the following blocks 180 of audio subband values
can be provided or output by the filterbank 100.

As a further option, the apparatus 100 can be capable of
generating a signal or incorporating a piece of information
concerning the analysis window function 190 used in gen-
erating the frame 180 or concerning a synthesis window
function to be used in the framework of a synthesis filter-
bank. Thus, the analysis filter function 190 can, for instance,
be a time- or index-reversed version of the synthesis window
function to be used by the synthesis filterbank.

FIG. 2a shows a block diagram of an embodiment of an
apparatus 300 for generating time-domain audio samples
based on the block of audio subband values. As previously
explained, an embodiment of the present invention in the
form of an apparatus 300 for generating time-domain audio
samples is often also referred to as a synthesis filterbank 300
as the apparatus is capable of generating time-domain audio
samples, which can in principle be played back, based on
audio subband values which comprise spectral information
concerning an audio signal. Hence, the synthesis filterbank
300 is capable of synthesizing time-domain audio samples
based on audio subband values, which can for instance be
generated by a corresponding analysis filterbank 100.

FIG. 2a shows a block diagram of the synthesis filterbank
300 comprising a calculator 310 to which a block 320 of
audio subband values (in the frequency-domain) is provided.
The calculator 310 is capable of calculating a frame 330
comprising a sequence of intermediate time-domain samples
from the audio subband values of the block 320. The frame
330 of intermediate time-domain samples comprises in
many embodiments according to the present invention also
a similar block structure as for instance the frame 150 of
windowed samples of the analysis filterbank 100 of FIG. 1.
In these cases, the frame 330 comprises blocks 340-1, . . .,
340-T blocks of intermediate time-domain samples.

The sequence of intermediate time-domain samples of the
frame 330, as well as each block 340 of intermediate
time-domain samples comprise an order according to the
time as indicated by an arrow 350 in FIG. 2a. As a conse-
quence, the frame 330 comprises an early intermediate
time-domain sample in block 340-T and a latest intermediate
time-domain sample in block 340-1, which represent the
first and the last intermediate time-domain sample for the
frame 330, respectively. Also each of the blocks 340 com-
prises a similar order. As a consequence, in embodiments of
a synthesis filterbank the terms “frame” and “sequence” can
often be used synonymously.
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The calculator 310 is coupled to a synthesis windower
360 to which the frame 330 of intermediate time-domain
samples is provided. The synthesis windower is adapted to
windowing the sequence of intermediate time-domain
samples using a synthesis window function 370 schemati-
cally depicted in FIG. 2a. As an output, the synthesis
windower 360 provides a frame 380 of windowed interme-
diate time-domain samples, which may also comprise a
block-wise structure of blocks 390-1, . . ., 390-T.

The frames 330 and 380 may comprise T blocks 340 and
390, respectively, wherein T is a positive integer. In an
embodiment according to the present invention in the form
of'a synthesis filterbank 300, the number of blocks T is equal
to 10. However, in different embodiments, also different
numbers of blocks may be comprised in one of the frames.
To be more precise, in principle the number of blocks T may
be larger or equal to 3, or larger than or equal to 4, depending
on the circumstances of the implementation and the previ-
ously explained trade-offs for embodiments according to the
present invention comprising a block-wise structure of
frames for both a synthesis filterbank 100 and a synthesis
filterbank 300.

The synthesis windower 360 is coupled to an overlap-
adder output stage 400, to which the frame 380 of windowed
intermediate time-domain samples is provided. The overlap-
adder output stage 400 is capable of processing the win-
dowed intermediate time-domain samples to obtain a block
410 of time-domain samples. The block 410 of the time-
domain (output) samples can then for instance be provided
to further components for further processing, storing or
transforming into audible audio signals.

The calculator 310 for calculating the sequence of time-
domain samples comprised in the frame 330 is capable of
transferring data from the frequency-domain into the time-
domain. Therefore, the calculator 310 may comprise a
frequency/time converter capable of generating a time-
domain signal of the spectral representation comprised in the
block 320 of audio subband values. As was explained in the
context of the calculator 170 of the analysis filterbank 100
shown in FIG. 1, each of the audio subband values of the
block 320 corresponds to an audio subband channel having
a characteristic center frequency.

In contrast to this, the intermediate time-domain samples
comprised in the frame 330 represent in principle informa-
tion in the time-domain. The synthesis windower 360 is
capable and adapted to windowing the sequence of inter-
mediate time-domain samples comprised in the frame 330
using the synthesis window function 370 as schematically
depicted in FIG. 2a.

As already outlined in the context of FIG. 1, the synthesis
windower 360 also uses a synthesis window function 370,
which is obtained by interpolation of a larger window
function comprising a second number of window coeffi-
cients. The second number is, hence, larger than a first
number of window coefficients of the synthesis window
function 370 used for windowing the intermediate time-
domain samples of the frame 330.

The synthesis window function 370 may, for instance, be
obtained by the synthesis windower 360 or the filterbank
300 (the apparatus) performing one of the previously out-
lined interpolation schemes. The window coefficients of the
synthesis window function may, for instance, be generated
based on a linear, a polynomial or a spline-based interpo-
lation. Moreover, in embodiments according to the present
invention the interpolation may be based on using consecu-
tive window coeflicients of the larger window function.
When each window coeficient of the larger window func-
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tion is used exactly once, the window function 370 com-
prising the (smaller) first number of window coefficients
may for instance comprise exactly half the number of
window coefficients of the larger window function, when the
second number is even. In other words, in this case the
second number may be twice the first number. However, also
other interpolation scenarios and schemes may be imple-
mented in the framework of embodiments of the present
invention.

In the following, the case of a so-called low-delay win-
dow function will be considered more closely. As indicated
earlier, embodiments according to the present invention are
by far not limited to these window functions. Also other
window functions, such as symmetric window functions,
may be used.

The synthesis window function 370 comprises a sequence
of window coefficients, which also comprises a first group
420 and a second group 430 of window coefficients as
previously explained in the context of the window function
190 with a first group 200 and a second group 210 of
window coefficients.

The first group 420 of window coefficients of the synthe-
sis window function 370 comprises a first consecutive
portion of the sequence of window coefficients. Similarly,
the second group 430 of coeflicients also comprises a second
consecutive portion of the sequence of window coefficients,
wherein the first portion comprises less window coeflicients
than the second portion and wherein an energy value or total
energy value of the window coefficients in the first portion
is higher than the corresponding energy value of the window
coeflicients of the second portion. Further features and
properties of the synthesis window function 370 may be
similar to the corresponding features and properties of the
analysis window function 190 as schematically depicted in
FIG. 1. As a consequence, reference is hereby made to the
corresponding description in the framework of the analysis
window function 190 and the further description of the
window functions with respect to FIGS. 11 to 19, wherein
the first group 200 corresponds to the first group 420 and the
second group 210 corresponds to the second group 430.

For instance the portions comprised in the two groups
420, 430 of window coefficients typically each form a
consecutive and connected set of window coefficients
together comprising all window coefficients of the sequence
of window coefficients of the window function 370. In many
embodiments according to the present invention, the analy-
sis window function 190 as depicted in FIG. 1 and the
synthesis window function 370 as depicted in FIG. 2a are
based on each other. For instance, the analysis window
function 190 may be a time-reversed or index-reversed
version of the synthesis window function 370. However,
also other relations between the two window functions 190,
370 may be possible. It may be advisable to employ a
synthesis window function 370 in the framework of the
synthesis windower 360, which is related to the analysis
window function 190, which was employed in the course of
generating (optionally before further modifications) of the
block 320 of audio subband vales provided to the synthesis
filterbank 300.

As outlined in the context of FIG. 1, the synthesis
filterbank 300 in FIG. 2a may optionally be adapted such
that the incoming block 320 may comprise additional signals
or additional pieces of information concerning the window
functions. As an example, the block 320 may comprise
information concerning the analysis window function 190
used for generating the block 320 or concerning the synthe-
sis window function 370 to be used by the synthesis win-
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dower 360. Hence, the filterbank 300 may be adapted to
isolating the respective information and to provide these to
the synthesis windower 360.

The overlap-adder output stage 400 is capable of gener-
ating the block 410 of time-domain samples by processing
the windowed intermediate time-domain samples comprised
in the frame 380. In different embodiments according to the
present invention, the overlap-adder output stage 4000 may
comprise a memory for temporarily storing previously
received frames 380 of windowed intermediate time-domain
samples. Depending on implementational details, the over-
lap-adder output stage 400 may for instance comprise T
different storage positions comprised in the memory for
storing an overall number of T frames 380 of windowed
intermediate time-domain samples. However, also a differ-
ent number of storage positions may be comprised in the
overlap-adder output stage 400 as necessitated. Moreover, in
different embodiments according to the present invention,
the overlap-adder output stage 400 may be capable of
providing the block 410 of time-domain samples based on a
single frame 380 of intermediate time-domain samples
alone. Embodiments of different synthesis filterbanks 300
will be explained in more detail later.

FIG. 2b illustrates a functional principle according to an
embodiment of the present invention in the form of a
synthesis filterbank 300, in which the generation of the
window function 370 by interpolation is not focused on for
the sake of simplicity only.

The block 320 of audio subband values is first transferred
from the frequency-domain into the time-domain by the
calculator 310, which is illustrated in FIG. 2b by an arrow
440. The resulting frame 320 of intermediate time-domain
samples comprising the blocks 340-1, . . . , 340-T of
intermediate time-domain samples is then windowed by the
synthesis windower 360 (not shown in FIG. 2b) by multi-
plying the sequence of intermediate time-domain samples of
the frame 320 with the sequence of window coefficients of
the synthesis window function 370 to obtain the frame 380
of windowed intermediate time-domain samples. The frame
380 again comprises the blocks 390-1, . . . , 390-T of
windowed intermediate time-domain samples, together
forming the frame 380 of windowed intermediate time-
domain samples.

In the embodiment shown in FIG. 2b of an inventive
synthesis filterbank 300, the overlap-adder output stage 400
is then capable of generating the block 410 of time-domain
output samples by adding for each index value of the
time-domain audio samples of the block 410, the windowed
intermediate time-domain samples of one block 390 of
different frames 380. As illustrated in FIG. 2b, the time-
domain audio samples of the block 410 are obtained by
adding for each audio sample index one windowed inter-
mediate time-domain sample of block 390-1 of the frame
380, processed by the synthesis windower 360 in the current
round and as previously described, the corresponding inter-
mediate time-domain sample of the second block 390-2 of a
frame 380-1 processed immediately before frame 380 and
stored in a storage position in the overlap-adder output stage
400. As illustrated in FIG. 2b, further corresponding win-
dowed intermediate time-domain samples of further blocks
390 (e.g. block 390-3 of frame 380-2, block 390-4 of frame
380-3, block 390-5 of frame 380-4) processed by the syn-
thesis filterbank 300 before may be used. The frames 380-2,
380-3, 380-4 and optionally further frames 380 have been
processed by the synthesis filterbank 300 in previous rounds.
The frame 380-2 has been immediately processed before the
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frame 380-1 and, accordingly, frame 380-3 was immediately
generated before frame 380-2 and so on.

The overlap-adder output stage 400 as employed in the
embodiment is capable of summing up for each index of the
block 410 of time-domain (output) samples T different
blocks 390-1, . . . , 390-T of windowed intermediate
time-domain samples from T different frames 380, 380-1,
380-(T-1). Hence, apart from the first T blocks processed,
each of the time-domain (output) samples of the block 410
is based on T different blocks 320 of audio subband values.

As in the case of the embodiment of the present invention
an analysis filterbank 100 described in FIG. 1, due to the
form of the synthesis window function 370, the synthesis
filterbank 300 offers the possibility of quickly providing the
block 410 of time-domain (output) samples. This is also a
consequence of the form of the window function 370. As
The first group 420 of window coefficients correspond to a
higher energy value and comprise less window coeflicients
than the second group 430, the synthesis windower 360 is
capable of providing “meaningful” frames 380 of windowed
samples when the frame 330 of intermediate time-domain
samples is filled so that at least the window coefficients of
the first group 420 contribute to the frame 380. The window
coeflicients of the second group 430 exhibit a smaller
contribution due to their smaller energy value.

Therefore, when at the beginning, the synthesis filterbank
300 is initialized with O, the provision of blocks 410 can in
principle, be started when only a few blocks 320 of audio
subband values have been received by the synthesis filter-
bank 300. Therefore, also the synthesis filterbank 300
enables significant delay reduction compared to the synthe-
sis filterbank having for instance a symmetric synthesis
window function.

As indicated earlier, the calculators 170 and 310 of the
embodiments shown in FIGS. 1 and 2a can be implemented
as real-valued calculators generating or being capable of
processing real-valued audio subband values of the blocks
180 and 320, respectively. In these cases, the calculators
may for instance be implemented as real-valued calculators
based on harmonic oscillating functions such as the sine-
function or the cosine-function. However, also complex-
valued calculators can be implemented as the calculators
170, 310. In these cases the calculators may for instance be
implemented on the basis of complex exponential-functions
or other harmonic complex-valued functions. The frequency
of the real-valued or complex-valued oscillations usually
depends on the index of the audio subband value, which is
sometimes also referred to as the band index or the subband
index of the specific subband. Moreover, the frequency may
be identical or depend on the center frequency of the
corresponding subband. For instance, the frequency of the
oscillation may be multiplied by a constant factor, shifted
with respect to the center frequency of the corresponding
subband or may be depending on a combination of both
modifications.

A complex-valued calculator 170, 310 may be constructed
or implemented based on real-value calculators. For
instance, for a complex-valued calculator an efficient imple-
mentation can in principle be used for both, the cosine- and
the sine-modulated part of a filterbank representing the real
and the imaginary part of a complex-valued component.
This means that it is possible to implement both, the
cosine-modulated part and the sine-modulated part based on,
for instance, the modified DCT-IV- and DST-IV-structures.

Moreover, further implementations might employ the use
of a FFT (FFT=Fast Fourier Transform) optionally being
implemented jointly for both, the real part and the part of the



US RES50,194 E

17

complex-modulated calculators using one FFT or instead
using one separate FFT stage for each transform.

Mathematical Description

The following sections will describe an example of the
embodiments of an analysis filterbank and the synthesis
filterbank with multiple overlaps of 8 blocks to the part,
which do not cause further delay, as explained above, and
one block to the future, which causes the same delay as for
a MDCT/MDST-structure (MDCT=Modified Discrete
Cosine Transform; MDST=Modified Discrete Sine Trans-
form). In other words, in the following example, the param-
eter T is equal to 10.

First, a description of a complex-modulated low-delay
analysis filterbank will be given. As illustrated in FIG. 1, the
analysis filterbank 100 comprises the transformation steps of
an analysis windowing performed by the analysis windower
110 and an analysis modulation performed by the calculator
170. The analysis windowing is based on the equation

z;,,=W(10N—1-n)-x, ,, for 0=n<10-N, e))

wherein, z,,, is the (real-valued) windowed sample corre-
sponding to the block index i and the sample index n of the
frame 150 shown in FIG. 1. The value x,,, is the (real-
valued) time input sample corresponding to the same block
index i and sample index n. The analysis window function
190 is represented in equation (1) by its real-valued window
coefficients w(n), wherein n is also the window coefficient
index in the range indicated in equation (1). As already
previously explained, the parameter N is the number of
samples in one block 220, 130, 160, 180.

From the arguments of the analysis window function
w(10N—1—n) can be seen that the analysis window function
represents a flipped version or a time-reversed version of the
synthesis window function, which is actually represented by
the window coefficient w(n).

The analysis modulation carried out by the calculator 170

in the embodiment shown in FIG. 1, is based on the two
equations

2N-1

1
XReatix =2- Z Z,v,ncos(%(n + no)(k T 5))

@

n=—8N
and

2N-1 x 1 3
Ximagip =2 K;Nzi,nsin(ﬁ(n + no)(k + E))

for the spectral coefficient index or band index k being an
integer in the range of

0O<ks<N. )

The values Xg,,,;;  and X,,,.... ; , represent the real part and
the imaginary part of the complex-valued audio subband
value corresponding to the block index i and the spectral
coefficient index k of block 180. The parameter n, represents
an index option, which is equal to

ng=—-N/2+40.5. )

The corresponding complex-modulated low-delay syn-
thesis filterbank comprises the transformation steps of a
synthesis modulation, a synthesis windowing and an over-
lap-add as will be described.

20

25

30

35

40

45

50

55

60

65

18

The synthesis modulation is based on the equation

N-1

b 1
; XRea,,i,kcos(N(n + no)[k + 5)) +

©®

N-1

E X ksin(—(n+ no)(k+ —1 )]
mag.i,
Tmag.i, N 2

wherein x'; , is an intermediate time-domain sample of the
frame 330 corresponding to the sample index n and the block
index i. Once again the parameter N is an integer indicating
the length of the block 320, 340, 390, 410, which is also
referred to as transform block length or, due to the block-
wise structure of the frames 330, 380, as an offset to the
previous block. Also the further variables and parameters
have been introduced above, such as the spectral coefficient
index k and the offset n,,.

The synthesis windowing carried out by the synthesis
windower 360 in the embodiment shown in FIG. 2a is based
on the equation

7, =w(n)-x;, for 0<n=<10-N,

@)
wherein z';,, is the value of the windowed intermediate
time-domain sample corresponding to the sample index n
and the block index i of the frame 380.

The transformation stamp of the overlap-add is based on

the equation

out; ,=Z'; A2y | a0 o i3 3N 1 rantt

715 5 SNVZ 16 i 6N YL 17 s TN 128 i SN Z 520 vons
for 0<n<N
wherein out; , represents the time-domain (output) sample
corresponding to the sample index n and the block index i.
Equation (8), hence illustrates the overlap-add operation as
carried out the overlap-adder output stage 400 as illustrated
in the lower part of FIG. 2b.

However, embodiments according to the present inven-
tion are not limited to complex-modulated low-delay filter-
banks allowing for an audio signal processing with one of
these filterbanks. A real-valued implementation of a low-
delay filterbank for an enhanced low-delay audio coding can
also be implemented. As a comparison, for instance, equa-
tions (2) and (6) in terms of a cosine-part reveals, the
cosine-contribution of the analysis modulation and the syn-
thesis modulation show a comparable structure when con-
sidering that of a MDCT. Although the design method in
principle allows an extension of the MDCT in both direc-
tions concerning time, only an extension of E (=T-2) blocks
to the past is applied here, where each of the T blocks
comprises N samples. The frequency coefficient X; , of band
k and block i inside an N-channel or N-band analysis
filterbank can be summarized by

®)

2N-1

X =2 bid 1 N k 1
k= Z wa(n)-x(n)-cos[ﬁ(nJrE—E)( +5)]

n=E-N

@

for the spectral coefficient index k as defined by equation (4).
Here, once again n is a sample index and w, is the analysis
window function.

For the sake of completeness, the previously given math-
ematical description of the complex-modulated low-delay
analysis filterbank can be given in the same summarizing
form as equation (9) by exchanging the cosine-function with
the complex-valued exponential-function. To be more pre-
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cise, with the definition and variables given above, the
equations (1), (2), (3) and (5) can be summarized and
extended according to

2N-1 N

, . 1 1
Xip=-2 Z wa(n)-x(n)-exp(]- ﬁ(nJr 5 E](k+ 5)]’

n=—EN

a0

wherein in contrast to the equations (2) and (3), the exten-
sion of 8 blocks into the past has been replaced by the
variable E(=8).

The steps of the synthesis modulation and the synthesis
windowing, as described for the complex case in equations
(6) and (7), can be summarized in the case of a real-valued
synthesis filterbank. The frame 380 of windowed interme-
diate time-domain samples, which is also referred to as the
demodulated vector, is given by

an

g o sucof(Eas 55k 5)
zi, =—7= ) Wi -Xyeos|| =|n+ - - = |lk+ =]},
N & N2 22
wherein z'. is the windowed intermediate time-domain

sample Coff'ésponding to the band index i and the sample
index n. The sample index n is once again an integer in the
range of

0<ngN(2+E)=N-T (12)

and w(n) is the synthesis window, which is compatible with
the analysis window w,(n) of equation (9).

The transformation step of the overlap-add is then given
by

0 (13)

wherein x';, is the reconstructed signal, or rather a time-
domain sample of the block 410 as provided by the overlap-
add output stage 400 shown in FIG. 2a.

For the complex-valued synthesis filterbank 300, the
equations (6) and (7) can be summarized and generalized
with respect to the extension of E(=8) blocks to the path
according to

N-1
.1 Re(x (o LN L]
Ziy = —ﬁk; ws(n)-Re ( i,kexp(_]'(ﬁ(n+ 57 3)( + E))’

wherein jz\/—_l is the imaginary unit. Equation (13) repre-
sents the generalized from of equation (8) and is also valid
for the complex-valued case.

As a direct comparison of equation (14) with equation (7)
shows, the window function w(n) of equation (7) is the same
synthesis window function as wy(n) of equation (14). As
outlined before, the similar comparison of equation (10)
with the analysis window function coefficient w_(n) with
equation (1) shows that the analysis window function is the
time-reversed version of the synthesis window function in
the case of equation (1).

As both, an analysis filterbank 100 as shown in FIG. 1 and
a synthesis filterbank 300 as shown in FIG. 2a offer a
significant improvement in terms of a trade-off between the

20

25

30

35

40

45

50

55

60

65

20

delay on the one hand and the quality of the audio process
on the other hand, the filterbanks 100, 300 are often referred
to as low-delay filterbanks. The complex-valued version
thereof is sometimes referred to as complex-low-delay fil-
terbank, which is abbreviated by CLDFB. Under some
circumstances, the term CLDFB is not only used for the
complex-valued version but also for the real-valued version
of the filterbank.

As the previous discussion of the mathematical back-
ground has shown, the framework used for implementing
the proposed low-delayed filterbanks utilizes a MDCT- or
IMDCT-like (IMDCT=Inverse MDCT) structure, as known
from the MPEG-4 Standard, using an extended overlap. The
additional overlap regions can be attached in a block-wise
fashion to the left as well as to the right side of the
MDCT-like core. Here, only the extension to the right side
(for the synthesis filterbank) is used, which works from past
samples only and therefore does not cause any further delay.

The inspection of the equations (1), (2) and (14) has
shown that the processing is very similar to that of a MDCT
or IMDCT. By only slight modifications comprising a modi-
fied analysis window function and synthesis window func-
tion, respectively, the MDCT or IMDCT is extended to a
modulated filterbank that is able to handle multiple overlaps
and is very flexible concerning its delay. As for instance,
equations (2) and (3) have shown the complex version is in
principle obtained by simply adding a sine-modulated to the
given cosine-modulation.

Interpolation

As outlined in the context of FIGS. 1 and 2a, both, the
analysis windower 110 and the synthesis windower 360 or
the respective filterbanks 100, 300 are adapted to windowing
the respective frames of time-domain samples by multiply-
ing each of the respective time-domain audio samples with
an individual window coefficient. Each of the time-domain
samples is, in other words, multiplied by an (individual)
window coefficient, as for instance equations (1), (7), (9),
(10), (11), and (14) have demonstrated. As a consequence,
the number of window coefficients of the respective window
function is typically identical to the number of respective
time-domain audio samples.

However, under certain implementational circumstances,
it may be advisable to implement a window function having
a larger second number of window coefficients compared to
the actual window function having a smaller first number of
coefficients, which is actually used during the windowing of
the respective frame or sequence of time-domain audio
samples. This may for instance be advisable in the case when
memory requirements of a specific implementation may be
more valuable than computational efficiency. A further sce-
nario in which a downsampling of the window coefficients
might become useful is in the case of the so-called dual rate
approach, which is for instance employed in the framework
of SBR systems (SBR=Spectral Band Replication). The
concept of SBR will be explained in more detail in the
context of FIGS. 5 and 6.

In such a case, the analysis windower 110 or the synthesis
windower 360 may be further adapted such that the respec-
tive window function used for windowing the time-domain
audio samples provided to the respective windower 110, 360
is derived by an interpolation of window coefficients of the
larger window function having a larger second number of
window coefficients.

The interpolation can for instance be carried out by a
linear, polynomial or spline-based interpolation. For
instance, in the case of the linear interpolation, but also in
the case of a polynomial or spline-based interpolation, the
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respective windower 100, 360 may then be capable of
interpolating the window coefficients of the window func-
tion used for windowing based on two consecutive window
coefficients of the larger window function according to a
sequence of the window coefficients of the larger window
function to obtain one window coefficient of the window
function.

Especially in the case of an even number of time-domain
audio samples and window coefficients, an implementation
of an interpolation as previously described, results in a
significant improvement of the audio quality. For instance,
in the case of an even number N-T of time-domain audio
samples in one of the frames 120, 330, not using an
interpolation, for instance, a linear interpolation, will result
in severe aliasing effects during the further processing of the
respective time-domain audio samples.

FIG. 3 illustrates an example of a linear interpolation
based on a window function (an analysis window function or
a synthesis window function) to be employed in context with
frames comprising N-T/2 time-domain audio samples. Due
to memory restraints or other implementational details, the
window coefficients of the window function itself are not
stored in a memory, but a larger window function compris-
ing N T window coefficients are stored during appropriate
memory or are available otherwise. FIG. 3 illustrates in the
upper graph, the corresponding window coefficients c(n) as
a function of the window coefficient indices n in the range
between 0 and N-T—1.

Based on a linear interpolation of two consecutive win-
dow coefficients of the window function having the larger
number of window coefficients, as depicted in the upper
graph of FIG. 3, an interpolated window function is calcu-
lated based on the equation

. 1 (15)
ci[n] = 5(0[21’1] +c[2n+1]) for 0=n<N-T/2.

The number of interpolated window coefficients ci(n) of the
window function to be applied to a frame having N.T/2
time-domain audio samples comprise half the number of
window coefficients.

To illustrate this further, in FIG. 3 window coefficients
450-0, . . . , 450-7 are shown in the upper part of FIG. 3
corresponding to a window coefficient c(0), . . ., c(7). Based
on these window coefficients and the further window coef-
ficients of the window function, an application of equation
(15) leads to the window coefficients ci(n) of the interpolated
window function depicted in the lower part of FIG. 3. For
instance, based on the window coefficients 450-2 and 450-3,
the window coefficient 460-1 is generated based on equation
(15), as illustrated by the arrows 470 in FIG. 3. Accordingly,
the window coefficient 460-2 of the interpolated window
function is calculated based on the window coefficient
450-4, 450-5 of the window function depicted in the upper
part of FIG. 3. FIG. 3 shows the generation of further
window coefficients ci(n).

To illustrate the aliasing cancellation achievable by the
interpolated downsampling of the window function, FIG. 4
illustrates the interpolating of the window coefficients in the
case of a sine window function, which can, for instance, be
employed in a MDCT. For the sake of simplicity, the left half
of the window function and the right half of the window
function are drawn over each other. FIG. 4 shows a simpli-
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fied version of a sine window, comprising only 2-4 window
coefficients or points for a MDCT having a length of 8
samples.

FIG. 4 shows four window coefficients 480-1, 480-2,
480-3 and 480-4 of the first half of the sine window and four
window coefficients 490-1, 490-2, 490-3 and 390-4 of the
second half of the sine window. The window coefficient
490-1, . . . . 490-4 corresponds to the window coefficient
indices 5, . . ., 8. The window coefficients 490-1, . . . , 490-4
correspond to the second half of the length of the window
function such that to the indices given N'=4 is to be added
to obtain the real indices.

To reduce or even to achieve the cancellation of the
aliasing effects as described before, the window coefficient
should fulfill the condition

w(n)-(N'—1-n)=w(N'+n)-w(2N'—1—n)

as good as possible. The better relation (16) is fulfilled, the
better the alias suppression or alias cancellation is.

Assuming the situation that a new window function
having half the number of window coefficients is to be
determined for the left half of the window function, the
following problem arises. Due to the fact that the window
function comprises an even number of window coefficients
(even numbered downsampling), without employing an
interpolation scheme as outlined in FIG. 3, the window
coefficients 480-1 and 480-3 or 480-2 and 480-4 correspond
to only one aliasing value of the original window function or
original filter.

This leads to an unbalanced proportion of spectral energy
and leads to an unsymmetrical redistribution of the center
point (center of mass) of the corresponding window func-
tion. Based on the interpolation equation (15) for the win-
dow coefficient w(n) of FIG. 4, the interpolated values I; and
I, fulfill the aliasing relation (16) far better, and will hence
lead to a significant improvement concerning the quality of
the processed audio data.

However, by employing an even more elaborate interpo-
lation scheme, for instance a spline-based or another similar
interpolation scheme, might even result in window coeffi-
cients, which fulfill the relation (16) even better. A linear
interpolation is in most cases sufficient and enables a fast
and efficient implementation.

The situation in the case of a typical SBR system employ-
ing a SBR-QMF filterbank (QMF=Quadrature Mirror Fil-
ter), a linear interpolation or another interpolation scheme
does not need to be implemented as the SBR-QMF proto-
type filter comprises an odd number of prototype filter
coefficients. This means that the SBR-QMF prototype filter
comprises a maximum value with respect to which the
downsampling can be implemented so that the symmetry of
the SBR-QMF prototype filter remains intact.

In FIGS. 5 and 6, a possible application for embodiments
according to the present invention in the form of both, an
analysis filterbank and a synthesis filterbank will be
described. One important field of application is a SBR
system or SBR tool (SBR=Spectral Band Replication).
However, further applications of embodiments according to
the present invention may come from other fields, in which
a need for spectral modifications (e.g. gain modifications or
equalizations) exists, such as spatial audio object coding,
low-delay parametric stereo coding, low-delayed spatial/
surround coding, frame loss concealment, echo cancellation
or other corresponding applications.

The basic idea behind SBR is the observation that usually
a strong correlation between the characteristics of a high
frequency range of a signal, which will be referred to as the

16)
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so-called highband signal, and the characteristics of the
lowband frequency range, further referred to as the lowband
or lowband signals, of the same signal is present. Thus, a
good approximation for the representation of the original
input signal highband can be achieved by a transposition
from the lowband to the highband.

In addition to the transposition, the reconstruction of the
highband incorporates shaping of spectral envelope, which
comprises an adjustment of the gains. This process is
typically controlled by a transmission of the highband
spectral envelope of the original input signal. Further guid-
ance information sent from the encoder control further
synthesis modules, such as an inverse filtering, a noise and
sine addition in order to cope with audio material when
transposition alone might not be sufficient. Corresponding
parameters comprise the parameters “noise highband” for
the addition of noise and the parameter “tonalities highband”
for the sine addition. These guidance information is usually
referred to as SBR data.

The SBR process can be combined with any conventional
waveform or codec by means of a pre-process at the encoder
side and the post-process at the decoder side. The SBR
encodes the high frequency portion of an audio signal at a
very low cost whereas the audio codec is used to code the
lower frequency portion of the signal.

At the encoder side, the original input signal is analyzed,
the highband spectral envelope and its characteristics in
relation to the lowband are encoded and the resulting SBR
data is multiplexed with a bitstream from the codec for the
lowband. At the decoder side, the SBR data is first demul-
tiplexed. The decoding process is organized generally into
steps. First, the core decoder generates the lowband and,
second, the SBR decoder operates as a post processor using
the decoded SBR data to guide the spectral band replication
process. A full bandwidth output signal is then obtained.

To obtain a coding efficiency as high as possible, and to
keep the computational complexity low, SBR enhanced
codecs are often implemented as so-called dual rate systems.
Dual rate means that the band limited core codec is operating
at half the external audio sampling rate. In contrast, the SBR
part is processed at the full sampling frequency.

FIG. 5 shows a schematic block diagram of a SBR system
500. The SBR system 500 comprises for instance an AAC-
LD encoder (AAC-LD=Advanced Audio Codec Low-delay)
510 and a SBR encoder 520 to which the audio data to be
processed are provided in parallel. The SBR encoder 520
comprises an analysis filterbank 530, which is shown in FIG.
5 as QMF analysis filterbank. The analysis filterbank 530 is
capable of providing subband audio values corresponding to
subbands based on the audio signals provided to the SBR
system 500. These subband audio values are then provided
to a SBR parameter extraction module 540, which generates
the SBR data as previously described, for instance compris-
ing the spectral envelope for the highband, the highband
noise parameter and the highband tonality parameter. These
SBR data are then provided to the AAC-LD encoder 510.

The AAC-LD encoder 510 is in FIG. 5 shown as a dual
rate encoder. In other words, the encoder 510 operates at half
the sampling frequency compared to the sampling frequency
of the audio data provided to the encoder 510. To facilitate
this, the AAC-LD encoder 510 comprises a downsampling
stage 550, which optionally may comprise a low pass filter
to avoid distortions caused by, for instance, a violation of the
Nyquist-Shannon Theory. The downsampled audio data as
output by the downsampling stage 550 are then provided to
an encoder 560 (analysis filterbank) in the form of a MDCT
filterbank. The signals provided by the encoder 560 are then
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quantized and coded in the quantization and coding stage
570. Moreover, the SBR data as provided by the SBR
parameter extraction module 540 is also encoded to obtain
a bitstream, which will then be output by the ACC-LD
encoder 510. The quantization and coding stage 570 can, for
instance, quantize the data according to the listing properties
of the human ear.

The bitstream is then provided to an AAC-LD decoder
580, which is part of the decoder side to which the bitstream
is transported. The AAC-LD decoder comprises a decoding
and dequantization stage 590, which extracts the SBR data
from the bitstream and the dequantized or requantized audio
data in the frequency-domain representing the lowband. The
lowband data are then provided to a synthesis filterbank 600
(inverse MDCT filterbank). The inverse MDCT stage
(MDCT™) 600 converts the signals provided to the inverse
MDCT stage from the frequency-domain into the time-
domain to provide a time signal. This time-domain signal is
then provided to SBR decoder 610, which comprises an
analysis filterbank 620, which is shown in FIG. 5 as a QMF
analysis filterbank.

The analysis filterbank 620 performs a spectral analysis of
the time signal provided to the analysis filterbank 620
representing the lowband. These data are then provided to a
high frequency generator 630, which is also referred to as a
HF generator. Based on the SBR data provided by the
AAC-LD coder 580 and its decoding and dequantization
stage 590, the HF generator 630 generates the highband
based on the lowband signals provided by the analysis
filterbank 620. Both, the lowband and the highband signals
are then provided to a synthesis filterbank 640, which
transfers the lowband and highband signals from the fre-
quency-domain into the time-domain to provide a time-
domain audio output signal form the SBR system 500.

For the sake of completeness, it should be noted that in
many cases the SBR system 500 as shown in FIG. 5 is not
implemented in this way. To be more precise, the AAC-LD
encoder 510 and the SBR encoder 520 are usually imple-
mented on the encoder side, which is usually implemented
separately from the decoder side comprising the AAC-LD
decoder 580 and the SBR decoder 610. In other words, the
system 500 shown in FIG. 5 essentially represents the
connection of two systems, namely an encoder comprising
the aforementioned encoders 510, 520 and a decoder com-
prising the aforementioned decoders 580, 610.

Embodiments according to the present invention in the
form of analysis filterbanks 100 and synthesis filterbanks
300 may for instance be implemented in the system 500
shown in FIG. 5, as a replacement of the analysis filterbank
530, the analysis filterbank 620 and the synthesis filterbank
640. In other words, synthesis or analysis filterbanks of the
SBR components of the system 500 may, for instance, be
replace by corresponding embodiments according to the
present invention. Moreover, the MDCT 560 and the inverse
MDCT 600 may also be replaced by low-delay analysis and
synthesis filterbanks, respectively. In this case, if all the
described replacements have been implemented, the so-
called enhanced low-delay AAC codec (codec=coder-de-
coder) will be realized.

The enhanced low-delay AAC (AAC-ELD) aims at com-
bining the low-delay features of an AAC-LD (Advanced
Audio Codec-Low-delay) with a high coding efficiency of
HE-AAC (High Efficiency Advanced Audio Codec) by
utilizing SBR with AAC-LD. The SBR decoder 610 acts in
this scenario as a post-processor, which is supplied after the
core decoder 580 including a complete analysis filterbank
and a synthesis filterbank 640. Therefore, the components of
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the SBR decoder 610 add further decoding delay, which is
illustrated in FIG. 5 by the shading of the components 620,
630, 540.

In many implementations of SBR systems 500, the lower
frequency part or lowband ranges typically from 0 kHz to
typically 5-15 kHz and is coded using a waveform coder,
referred to as core codec. The core codec may for instance
be one of the MPEG audio codec family. Additionally, a
reconstruction of the high frequency part or highband is
accomplished by a transition of the lowband. The combina-
tion of SBR with a core coder is in many cases implemented
as a dual rate system, where the underlying AAC encoder/
decoder is operated at half the sampling rate of the SBR
encoder/decoder.

The majority of the control data is used for the spectral
envelope representation, which has a varying time and
frequency resolution to be able to control the SBR process
as best as possible with as little bitrate overhead as possible.
The other control data mainly strives to control the tonal-
to-noise ratio of the highband.

As shown in FIG. 5, the output from the underlying AAC
decoder 580 is typically analyzed with a 32-channel QMF
filterbank 620. Then, the HF-generator module 630 recreates
the highband by patching QMF subbands from the existing
lowband to the highband. Furthermore, inverse filtering is
done on a per subband basis, based on the control data
obtained from the bitstream (SBR data). The envelope
adjuster modifies the spectral envelope of the regenerated
highband and adds additional components such as noise and
sinusoids are added according to the control data in the
bitstream. Since all operations are done in the frequency-
domain (also known as QMF or subband domain), the final
step of the decoder 610 is a QMF synthesis 640 to retain a
time-domain signal. For instance, in the case that the QMF
analysis on the encoder side is done on a 32 QFM subband
system for 1024 time-domain samples, the high frequency
reconstruction results in 64-QMF subbands upon which the
synthesis is done producing 2048 time-domain samples, so
that an upsampling by a factor of 2 is obtained.

In addition, the delay of the core coder 510 is doubled by
operating at half of the original sampling rate in the dual rate
mode, which gives rise to additional sources of delay in
both, the encoder and the decoder process of a AAC-LD in
combination with SBR. In the following, such delay sources
are examined and their associated delay is minimized.

FIG. 6 shows a simplified block diagram of the system
500 shown in FIG. 5. FIG. 6 concentrates on delay sources
in the encoder/decoder process using SBR and low-delay
filterbanks for coding. Comparing FIG. 6 with FIG. 5, the
MDCT 560 and the inverse MDCT 600 have been replaced
by delay optimized modules, the so-called low-delay MDCT
560' (LD MDCT) and the low-delay inverse MDCT 600'
(LD IMDCT). Moreover, the HF-generator 630 has also
been replaced by a delay optimized module 630'.

Apart from the low-delay MDCT 560" and the low-delay
inverse MDCT 600', a modified SBR framing and a modified
HF generator 630' are employed in the system shown in FIG.
6. In order to avoid delay by different framing of a core
coder/decoder 560, 600 and the respective SBR modules, the
SBR framing is adapted to fit the framing length of 480 or
512 samples of the AAC-LD. Furthermore, the variable time
grid of the HF generator 630, which implies 384 samples of
delay, is restricted regarding the spreading of SBR data over
adjacent AC-LD frames. Thus, the only remaining sources
of delay in the SBR module are the filterbanks 530, 620 and
640.
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According to the situation depicted in FIG. 6, representing
a partial implementation of the AAC-ELD codec, some
delay optimizations have already been implemented includ-
ing the use of a low-delay filterbank in the AAC-LD core
and the removal of a previously mentioned SBR overlap. For
further delay improvements, the remaining modules need to
be investigated. FIG. 6 shows the delay sources in the
encoder/decoder process using SBR and the low-delay fil-
terbanks called LD-MDCT and LD-IMDCT here. Compared
to FIG. 5, in FIG. 6 every box represents a delay source,
wherein the delay optimize modules are drawn in a shaded
manner. The like modules have not been optimized for
low-delay so far.

FIG. 7a illustrates a flowchart comprising a C- or C++-
pseudo code to illustrate an embodiment according to the
present invention in the form of an analysis filterbank or a
corresponding method for generating audio subband values
in audio subband channels. To be even more precise, FIG. 7a
represents a flowchart of a complex-valued analysis filter-
bank for 32 bands.

As outlined before, the analysis filterbank is used to split
the time-domain signal, for instance output from the core
coder into N=32 subband signals. The output from the
filterbank, the subband samples or audio subband values, are
in the case of a complex-valued analysis filterbank complex-
valued and thus oversampled by a factor of 2, compared to
a real-value filterbank. The filtering involves and comprises
the following steps, wherein an array x(n) comprises exactly
320 time-domain samples. The higher the index of the
samples n into the array is, the older the samples are.

After a start of the embodiments of the method in step
$100, first, the samples in the array x(n) are shifted by 32
positions in step S110. The oldest 32 samples are discarded
and 32 new samples are stored in positions 31 to O in step
$120. As shown in FIG. 7a, the incoming time-domain audio
samples are stored in positions corresponding to a decreas-
ing index n in the range of 31 to 0. This results in a
time-reversal of the samples stored in the corresponding
frame or vector so that reversing the index of the window
function to obtain the analysis window function based on the
(equally long) synthesis window function has already been
taken care of.

During a step S130, window coefficients ci(j) are obtained
by a linear interpolation of the coefficients c(j) based on
equation (15). The interpolation is based on a block size
(block length or number of subband values) of N=64 values
and based on a frame comprising T=10 blocks. Hence, the
index of the window coefficients of the interpolated window
function are in the range between 0 and 319 according to
equation (15). The window coefficients c(n) are given in the
table in Annex 1 of the description. However, depending on
implementational details, to obtain the window coefficients
based on the values given in the tables in the Annexes 1 and
3, additional sign changes with respect to the window
coefficients corresponding to the indices 128 to 255 and 384
to 511 (multiplication with factor (—1)) should be consid-
ered.

In these cases, the window coefficients w(n) or c(n) to be
used may be obtained according to

W{N)=W,4,(1)-5(n) (16a)

with the sign switching function s(n) according to

@ {—1 for 128 = n < 255 and 384sn5511} (16b)
S =

+1 else
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for n=0 to 639, wherein w,,,,.(n) are the values given in the
tables in the Annexes.

However, the window coefficients do not need to be
implemented according to the table in Annex 1 to obtain, for
instance, the already described reduction of delay. To
achieve this reduction of delay, while maintaining the qual-
ity level of the processed audio data, or to achieve another
trade-off, the window coefficients c(n) for the window
coefficient index n in the range between 0 and 639, may
fulfill one of the sets of relations as given in one of the
Annexes 2 to 4. Moreover, it should be noted that also other
window coefficients c(n) may be employed in embodiments
according to the present invention. Naturally, also other
window functions comprising a different number of window
coefficients than 320 or 640 can be implemented, although
the tables in the Annexes 1 to 4 only apply to window
functions having 640 window coefficients.

The linear interpolation according to S130 leads to a
significant quality improvement and aliasing effects reduc-
tion or cancellation in the case of a window function
comprising an even number of window coefficients. It
should further be noted that the complex unit is not j as in
the equations (1), (2) and (16), but is denoted by i=V=T.

In step S140, the samples of the array x(n) are then
multiplied element-wise by the coefficients ci(n) of the
interpolated window.

In step S150, the windowed samples are summed up
according to the equation given in the flowchart in FIG. 7a
to create the 64-element array u(n). In step S160, 32 new
subband samples or audio subband values W(k,l) are calcu-
lated according to the matrix operation Mu, wherein the
element of the matrix M are given by

i-m-(k+0.5)-(2-n-95 17
M(k,n)zz.exp(w), an
64
0=<k<32
{Osn<64,

wherein exp( ) denotes the complex exponential function
and, as previously mentioned, i is the imaginary unit. Before
the loop of a flowchart ends with step S170, each of the
subband values W(k,1) (=W[k][1]) may be output, which
corresponds to the subband sample 1 in the subband having
the index k. In other words, every loop in the flowchart
shown in FIG. 7a produces 32 complex-valued subband
values, each representing the output from one filterbank
subband.

FIG. 7b illustrates the step S150 of collapsing the frame
150 of windowed time-domain audio samples comprising 10
blocks 160-1, . . ., 160-10 of windowed time-domain audio
samples z(n) to the vector u(n) by a 5-fold summing of two
blocks of the frame 150 each. The collapsing or retracting is
done on an element-wise basis so that the windowed time-
domain audio samples corresponding to the same sample
index inside each of the blocks 160-1, 160-3, 160-5, 160-7
and 160-9 are added to obtain the corresponding value in the
first blocks 650-1 of the vector u(n). Accordingly, based on
the blocks 160-2, 160-4, 160-6, 160-8 and 160-10 the
corresponding elements of the vector u(n) in block 160-2 are
generated in step S150.

A further embodiment according to the present invention
in the form of an analysis filterbank can be implemented as
a 64-band complex low-delay filterbank. The processing of
this complex low-delay filterbank as an analysis filterbank is
basically similar to the analysis filterbank as described in the
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context of FIG. 7a. Due to the similarities and basically the
same processing as described in the context of FIG. 7a, the
differences between the described complex analysis filter-
bank for 32 bands of FIG. 7a and the complex analysis
filterbank for 64 subbands will be outlined here.

In contrast to the 32-subband comprising analysis filter-
bank as shown in FIG. 7a, the vector of frame x(n) com-
prises, in the case of a 64-band analysis filterbank 640
elements having indices from 0-639. Hence, the step S110 is
modified such that the samples in the array x(n) are shifted
by 64 positions, wherein the oldest 64 samples are dis-
carded. In step S120 instead of 32 new samples, 64 new
samples are stored in the positions 63 to 0. As shown in FIG.
7c, the incoming time-domain audio samples are stored in
positions corresponding to a decreasing index n in the range
of 63 to 0. This results in a time-reversal of the samples
stored in the corresponding frame or vector so that reversing
the index of the window function to obtain the analysis
window function based on the (equally long) synthesis
window function has already been taken care of.

As the window c(n) used for windowing the elements of
the vector of frame x(n), comprises typically 640 elements,
the step S130 of linearly interpolating the window coeffi-
cients to obtain the interpolated windows ci(n) can be
omitted.

Then, during step S140, the samples of the array x(n) are
multiplied or windowed by use of the sequence of window
coefficients c(n), which are once again based on the values
in the table in Annex 1. In the case of the window coefficient
c(n) are those of the synthesis window function, the win-
dowing or multiplication of the array x(n) by the window
c(n) is carried out according to the equation

z{n)=x(n)-c{n) (18)
for an=0, . . ., 639. Once again, to achieve the low-delay
properties of the window function, it is not necessitated to
implement the window function exactly according to the
window coefficients based on the values given in the table of
Annex 1. For many applications, an implementation in
which the window coefficients fulfill either set of relations as
given in the tables in the Annexes 2 to 4 will be sufficient to
achieve an acceptable trade-off between quality and a sig-
nificant reduction of the delay. However, depending on
implementational details, to obtain the window coefficients
based on the values given in the tables in the Annexes 1 and
3, additional sign changes with respect to the window
coefficients corresponding to the indices 128 to 255 and 384
to 511 (multiplication with factor (—1)) should be considered
according to equations (16a) and (16b).

Step S150 of the flowchart shown in FIG. 7a is then
replaced by a summing of the samples of the vector of frame
z(n) according to the equation

5 19
u(n):Z(n+j-128)

70

to create the 128-element array u(n).

Step S160 of FIG. 7a is then replaced by a step in which
64 new subband samples are calculated according to the
matrix operation Mu, wherein the matrix elements of the
matrix M are given by

ey

Mk, n) = z_exp(i-ﬂ-(k+0.5)-(2.n_ 191)),

128
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-continued
O0=<k<64
{0 <=n< 128,

wherein exp( ) denotes the complex exponential function
and i is as explained, the imaginary unit.

FIG. 7c illustrates a flowchart according to an embodi-
ment of the present invention in the form of real-valued
analysis filterbank for 32 subband channels. The embodi-
ment as illustrated in FIG. 7c does not differ significantly
from the embodiment shown in FIG. 7a. The main difference
between the two embodiments is that step S160 of calcu-
lating the new 32 complex-valued subband audio values is
replaced in the embodiment shown in FIG. 7c by a step S162
in which 32 real-valued subband audio samples are calcu-
lated according to a matrix operation M,u, wherein the
elements of the matrix M, are given by

(k+0.5)-(2-n—-95 21
M,(k,n)zz.cos(W} @D
64
{05k<32
0=<n<64

As a consequence, every loop in the flowchart produces
32 real-valued subband samples wherein W(k,1) corresponds
to the subband audio sample 1 of the subband k.

The real-valued analysis filterbank can for instance be
employed in the framework of a low-power mode of a SBR
system, as shown in FIG. 5. The low-power mode of the
SBR tool differs from the high quality SBR tool mainly with
respect to the fact that real-valued filterbanks are employed.
This reduces the computational complexity and the compu-
tational effort by a factor of 2, so that the number of
operations per time unit are essentially reduced by a factor
of 2 as no imaginary part is necessitated to be calculated.

The proposed new filterbanks according to the present
invention are fully compatible with the low-power mode of
SBR systems. Thus, with filterbanks according to the present
invention, SBR systems can still run both in the normal
mode or high-quality mode with complex filterbanks and in
the low-power mode with real-valued filterbanks. The real-
valued filterbank may, for instance, be derived from the
complex filterbank by using only the real-values (cosine-
modulated contributions) and omitting the imaginary values
(sine-modulated contributions).

FIG. 8a shows a flowchart according to a comparative
example of the present invention in the form of a complex-
valued synthesis filterbank for 64 subband channels. As
previously outlined, the synthesis filtering of the SBR-
processed subband signals is achieved using a 64-subband
synthesis filterbank. The output from the filterbank is a block
of real-valued time-domain samples as outlined in the con-
text of FIG. 1. The process is illustrated by the flowchart in
FIG. 8a, which also illustrates a comparative example in the
form of a method for generating time-domain audio
samples.

The synthesis filtering comprises after a start (step S200),
the following steps, wherein an array v comprises 1280
samples. In step S210, the samples in the array v are shifted
by 128 positions, wherein the oldest 128 samples are dis-
carded. In step S220, the 64 new complex-valued audio
subband values are multiplied by a matrix N, wherein the
matrix elements N(k,n) are given by

h
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1 im-(k+0.5)-2-n—63) (22)
Nk, = 64'“‘{ 128 )
{ 0=k<64
0=n<128,

wherein exp( ) denotes the complex exponential function
and is the imaginary unit. The real part of the output from
this operation is stored in the position 0-127 of array v, as
illustrated in FIG. 8a.

In step S230, the samples, which are now in the time-
domain are extracted from the array v according to the
equation given in FIG. 8a to create a 640-element array g(n).
In step S240, the real-valued samples in the time-domain of
array g are multiplied by the window coefficient c(n) to
produce an array w, wherein the window coefficients are
once again the window coefficients based on the values
given in the table in Annex 1.

However, as outlined before, the window coefficients do
not need to be exactly based on the values given in table of
Annex 1. It is in different comparative examples sufficient,
if the window coefficients satisfy one of the sets of relations
as given in the tables of Annexes 2 to 4, to achieve the
desired low-delay property of the synthesis filterbank. More-
over, as explained in the context of the analysis filterbank,
also other window coefficients may be utilized in the frame-
work of the synthesis filterbank. However, depending on
implementational details, to obtain the window coefficients
based on the values given in the tables in the Annexes 1 and
3, additional sign changes with respect to the window
coefficients corresponding to the indices 128 to 255 and 384
to 511 (multiplication with factor (—1)) should be consid-
ered.

In step S250, 64 new output samples are calculated by a
summation of samples from the array w(n) according to the
last step and the formula given in the flowchart of FIG. 8a,
before one loop of a flowchart ends in step S260. In the
flowchart as shown in FIG. 8a, X[k] [1] (=X(k,1)) corre-
sponds to audio subband value 1 in the subband having the
index k. Every new loop as depicted in FIG. 8a produces 64
time-domain, real-valued audio samples as an output.

The implementation as shown in FIG. 8a of a complex-
valued analysis filterbank for 64 bands does not necessitate
an overlap/add buffer comprising several storage positions
as explained in the context of the embodiment shown in FIG.
2b. Here, the overlap-add buffer is “hidden” in the vectors v
and g, which is calculated based on the values stored in the
vector v. The overlap-add buffer is implemented in the
framework of these vectors with these indices being larger
than 128, so that the values correspond to values from
previous or past blocks.

FIG. 8b illustrates a flowchart of a real-valued synthesis
filterbank for 64 real-valued audio subband channels. The
real-valued synthesis filterbank according to FIG. 8b can
also implemented in the case of a low-power SBR imple-
mentation as a corresponding SBR filterbank.

The flowchart of FIG. 8b differs form the flowchart of
FIG. 8a, mostly with respect to step S222, which replaces
$220 of FIG. 8a. In step S222, the 64 new real-valued audio
subband values are multiplied by a matrix N,, wherein the
elements of the matrix N,(k,n) are given by

ﬂ-(k+0.5)-(2-n—63)) (23)

1
Nk, n) = e -cos( 128
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-continued
0=<k<64
{0 <n <128

wherein the output from this operation is once again stored
in the positions 0-127 of the array v.

Apart from these modifications, the flowchart as shown in
FIG. 8b in the case of a real-valued synthesis filterbank for
the low-power SBR mode, does not differ from the flowchart
as shown in FIG. 8a of the complex-valued synthesis filter-
bank for the high quality SBR mode.

FIG. 8c illustrates a flowchart according to an embodi-
ment of the present invention in the form of a downsampled
complex-valued synthesis filterbank and the appropriate
method, which can for instance be implemented in a high-
quality SBR implementation. To be more precise, the syn-
thesis filterbank as described in FIG. 8c relates to a complex-
valued synthesis filterbank capable of processing complex-
valued audio subband values for 32 subband channels.

The downsampled synthesis filtering of the SBR-process
subband signals is achieved using a 32-channel synthesis
filterbank as illustrated in FIG. 8c. The output from the
filterbank is a block of real-valued time-domain samples.
The process is given in the flowchart of FIG. 8c. The
synthesis filtering comprises after a start (step S300), the
following steps, wherein an array v comprises 640 real-
valued time-domain samples.

In step S310, the samples in the array v are shifted by 64
positions, wherein the oldest 64 samples are discarded.
Then, in step S320, the 32 new complex-valued subband
samples or complex-valued audio subband values are mul-
tiplied by a matrix N, the elements of which are given by

1 i (k+0.5)-2-n-31) (24)
Nk, my = 64'“‘{ 64 )
0=k<32
{Osn<64’

wherein exp( ) denotes the complex exponential function
and i is again the imaginary unit. The real part of the output
from this operation is then stored in the positions 0-63 of
array v.

In step S330, the samples are extracted from vector v
according to the equation given in the flowchart of FIG. 8c
to create a 320-element array g. In step S340, the window
coefficients ci(n) of an interpolated window function are
obtained by a linear interpolation of the coefficients c(n) in
accordance with equation (15), wherein the index n is once
again in the range between 0 and 319 (N=64, T=10 for
equation (15)). As illustrated before, the coefficients of a
window function c(n) are based on the values given in the
table of Annex 1. Moreover, to achieve the low-delay
property as illustrated earlier, the window coefficients c(n)
do not need to be exactly the figures given in the table of
Annex 1. It is sufficient if the window coefficients c(n) fulfill
at least one set of relations as given in the Annexes 2 to 4.
However, depending on implementational details, to obtain
the window coefficients based on the values given in the
tables in the Annexes 1 and 3, additional sign changes with
respect to the window coefficients corresponding to the
indices 128 to 255 and 384 to 511 (multiplication with factor
(—1)) should be considered according to equations (16a) and
(16b). Moreover, also different window functions compris-
ing different window coefficients c(n) can naturally be
employed in embodiments of the present invention.
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In step S350, the samples of the array g are multiplied by
the interpolated window coefficient ci(n) of the interpolated
window function to obtain the windowed time-domain
sample w(n).

Then, in step S360, 32 new output samples are calculated
by a summation of samples from array w(n) according to the
last step S360, before the final step S370 in the flowchart of
FIG. 8c.

As indicated earlier, in the flowchart of FIG. 8c, X([k] [1])
(=x(k,1)) corresponds to an audio subband value 1 in the
audio subband channel k. Moreover, every new loop of a
flowchart as indicated in FIG. 8c produces 32 real-valued
time-domain samples as an output.

FIG. 8d shows a flowchart of an embodiment according to
the preset invention in the form of a downsampled real-
valued synthesis filterbank, which can for instance be
employed in the case of a low-power SBR filterbank. The
embodiment and the flowchart shown in FIG. 8d differs from
the flowchart shown in FIG. 8c of the downsampled com-
plex-valued synthesis filterbank only with respect to step
$320, which is replaced in the flowchart shown in FIG. 8d
by step S322.

In step S322, the 32 new real-valued audio subband
values, or subband samples are multiplied by the matrix N,,
wherein the elements of the matrix N, are given by

1 7 (k+0.5)-2-n-31) 25)
Nk, n) = = -cos( o ),
0=k<32
{Osn<64’

wherein the output from this operation is stored in the
position of 0 to 64 of array v.

FIG. 9a shows an implementation of a comparative
example in the form of a method corresponding to a com-
plex-valued analysis filterbank for 64 subbands. FIG. 9a
shows an implementation as a MATLAB-implementation,
which provides as an output a vector y and a vector “state”.
The function as defined in this script shown in FIG. 9a is
called LDFB80 to which a vector x comprising fresh audio
samples and the vector “state” is provided to as an input. The
name of the function LDFBS80 is an abbreviation for low-
delay filterbank for 8 blocks extending into the past and 0
blocks into the future.

In the MATLAB-programming language, the percent sign
(%) indicates remarks, which are not carried out, but merely
serve the purpose of commenting and illustrating the source
code. In the following description, different segments of the
source code will be explained with respect to their functions.

In the code sequence S400, the buffer which is repre-
sented by the vector “state” is updated in a way such that the
content of the vector “state” having the indices 577 to 640
are replaced by the contents of the vector x comprising the
fresh time-domain audio input samples. In the code
sequence S410, the window coefficients of the analysis
window function as stored in the variable LDFB80_win is
transferred to the vector win_ana.

In step S420, which assumes that the latest samples are
aligned to the right side of the buffer, the actual windowing
is performed. In block S420, the content of the vector state
is element-wise multiplied (-*) with the elements of the
vector win_ana comprising the analysis window function.
The output of this multiplication is then stored into the
vector X_win_orig.
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In step S430, the content of the vector x_win_orig is
reshaped to form a matrix of a size of 128.5 elements called
x_stack. In step S440, the sign change of the stack x_stack
is performed with respect to the second and fourth column
of the matrix x_stack.

In step S450, the stack x_stack is collapsed or retracted by
summing the elements of x_stack with respect to the second
index and simultaneously inverting the order of the elements
and transposing the outcome before storing the outcome
again to the various x_stack.

In the code segment S460, the transformation from the
time-domain into the frequency-domain is carried out by
computing a complex Fast Fourier transformation (FFT) of
the element-wise multiplied content of the stack x_stack
multiplied with the complex exponential function to which
the argument (—i--n/128) is provided, with the indices and
in the range from O to —127 and the imaginary unit i.

In the code segment S470, a post twiddle is performed by
defining the variable m=(64+1)/2 and by calculating the
block comprising the audio subband values as a vector y
according to the equation

k) = 2- templic sin (k=14 1) = .
IS ey ()

The index k covers the range of integers from 1-64 in the
implementation shown in FIG. 9a. The vector y is then
output as the vector or block comprising the audio subband
values 180 of FIG. 1. The bar above the second factoring
equation (26) as well as the function conj( ) encode segment
S417 in FIG. 9a refer to the complex conjugate of the
argument of the respective complex number.

In a final code-segment S480, the state-vector is shifted by
64 elements. The state-vector in its shifted form may then be
provided to the function LDFBS80 as an input again in a
further loop of the function.

FIG. 9b shows a MATLAB-implementation according to
an embodiment of the present invention in the form of a
method corresponding to a complex-valued analysis filter-
bank for 32 subbands. Accordingly, the function defined is
referred to as LDFB80_32 indicating that the implementa-
tion represents a low-delay filterbank for 32 subbands based
on an additional overlap of 8 blocks into the past and 0
blocks into the future.

The implementation of FIG. 9b differs from the imple-
mentation shown in FIG. 9a, only with respect to a few code
sequences, as will be outlined in the following description.
The code sequences S400, S430, S460, S470 and S480 are
replaced by corresponding code sequences S400', S430',
5460, S470' and S480' taking into account mainly the fact
that the number of subbands, or the number of subband
values output by the function LDFB80_32, is reduced by a
factor of 2. Accordingly, the step S400' relates to the vector
state being updated with respect to the 32 last entries
corresponding to the indices 289 to 320 with the correspond-
ing 32 time-domain audio input samples of the fresh block
220 as shown in FIG. 1.

However, the major difference between the implementa-
tions as shown in FIGS. 9a and 9b appears in the code
sequence S410 of FIG. 9a, which is replaced by a code
sequence S412 in the implementation shown in FIG. 9b. The
code sequence for S412 of FIG. 9b comprises first a copying
of the 640 window coefficients comprising windows stored
in the vector LDFB&0 win to the local vector win_ana. Then,
an interpolation according to equation (15) takes place, in
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which two consecutive window coefficients represented by
the vector elements of the vector win_ana are added and
divided by 2 and then stored back in the vector win_ana.

The next code sequence S420 is identical to the code
sequence S420 as shown in FIG. 9a, which carries out the
actual element-wise multiplication (-*) of the windowing of
the values, or elements, of the vector state with the elements
of the vector win_ana comprising the interpolated window
coefficients of the interpolated window function. The output
of this operation is stored in the vector x_win_orig. How-
ever, the difference between the code sequence S420 of FIG.
9b and the corresponding code sequence S420 of FIG. 9a, is
that in the case of FIG. 9b, not 640 but only 320 multipli-
cations are carried out in the framework of the windowing.

In the code sequence S430' replacing the code sequence
S430, the stack x_stack is prepared by reshaping the vector
x_win_orig. However, as the vector X_win_orig only com-
prises 320 elements, compared to the corresponding vector
of FIG. 9a comprising 640 elements, the matrix x_stack is
only a matrix of 64-5 elements.

The code sequences S440 of the sign change and the code
sequence S450 of collapsing the stack are identical in both
implementations according to the FIGS. 9a and 9b, apart
from the reduced number of elements (320 compared to
640).

In the code sequence S460' replacing the code sequence
S460 an odd complex Fast Fourier Transform (FFT) of a
window data is carried out, which is quite similar to the
transform of code sequence S460 of FIG. 9a. However, once
again, due to the reduced number of output audio subband
values, the vector temp is provided with the outcome of a
Fast Fourier Transform, the element-wise multiplication of
the elements of the stack x_stack and the complex expo-
nential function of the argument (—i-®-n/64), wherein the
index n is in the range between 0 and 63.

Afterwards, in the modified code sequence S470', the post
twiddling is performed by defining the variable m=(32+1)/2
and by generating the output vector y according to equation
(26), wherein the index k only covers the range from 1 to 32
and wherein the number 128 appearing in the argument of
the complex exponential function is substituted by the
number 64.

In the final code-sequence S480', the buffer state is shifted
by 32 elements in the case of the implementation shown in
FIG. 9b, wherein in the corresponding code sequence S480,
the buffer is shifted by 64 elements.

FIG. 10a shows a MATLAB-script illustrating an imple-
mentation according to a comparative example in the form
of a method corresponding to a complex-valued synthesis
filterbank for 64 subbands. The script shown in FIG. 10a
defines the function ILDFB80 to which the vector x repre-
senting the block 320 of audio subband values of FIG. 2a
and a state-vector “state” is provided to as input parameters.
The name [LDFB80 indicates that the function defined is an
inverse low-delay filterbank corresponding to 8 blocks of
audio data from the past and 0 blocks from the future. The
function provides a vector y and a new or redefined state-
vector “state” as an output, wherein the vector y corresponds
to the block 410 of time-domain audio samples from FIG.
2a.

In a code sequence S500, a pre-twiddling is performed, in
which a variable m=(64+1)/2 as well as a vector temp is
defined. The elements temp(n) of the vector temp are defined
according to equation



US RES50,194 E

35

temp(n) = @n

) i 1y m

3 -x(n)-exp(Zz -ﬂ(n -1+ 5) m),
wherein the bar above the element of the vector x(n) and the
function conj( ) represent the complex conjugate, exp( )
represents the complex exponential function, i represents the
imaginary unit and n is an index in the range from 1- to 64.

In the code sequence S510, the vector temp is expended
into a matrix comprising in the first column the elements of
the vector temp and in the second column, the complex
conjugate of the reversed vector temp with respect to the
order of the elements as defined by the index of the vector.
Hence, in the code sequence S510 an odd symmetry of the
matrix temp is established based on the vector temp.

In a code sequence S520 an odd Fast Fourier Transform
(FFT) is performed based on the matrix temp. in this code
sequence, the real part of the element-wise multiplication of
the outcome of the inverse Fourier Transform of the matrix
temp with the exponential function having the argument of
(i'm/128) is performed and outputted to a vector y_knl,
wherein the index n is in the range from 0 to 127.

In the code sequence S530, an extension of the data and
an alternating sign flip is formed. To achieve this, the order
of the elements of the vector y_knl is reversed and at the
same time a sign flip if carried out. Then, a matrix tmp is
defined, comprising the first, third and fifth column of the
vector y_knl, wherein the second and the fourth column
comprise the sign flipped vector y_knl

In a code sequence S540, the window coefficients as
stored in the vector LDFB80_win are first copied to the
vector win_ana. Then, the synthesis window coefficients are
determined based on the analysis window coefficients as
stored in the vector win_ana by generating a time reversed
version of the analysis window function according to

win_syn(n)=win_ana(N-T—n) 28)

wherein N-T is the total number of window coefficients and
n is the index of the window coefficients.

In a code sequence S550, the synthesis window is applied
to the vector tmp by an element-wise multiplication of the
vector with the synthesis window function. In a code
sequence S560, the buffer is updated by setting the elements
of the vector state with the indices 577 to 640 to 0 and by
adding the content of the windowed vector tmp to the
state-vector state.

In a code sequence S570, the output vector y comprising
the time-domain audio samples is extracted from the state-
vector by extracting the elements of the state-vector by
extracting the elements of the state-vector with the indices 1
to 64.

In a code sequence S580, the final code sequence of the
function as shown in FIG. 10a, the state-vector state is
shifted by 64 elements so that the elements with indices from
65 to 640 are copied to the first 576 elements of the vector
state.

FIG. 10b shows a MATLAB-script of an implementation
according to an embodiment of the present invention in the
form of a complex-valued synthesis filterbank for 32 sub-
band values. The name of the function as defined by the
script shown in FIG. 10b illustrates this as the function
defined is called ILDFB80_32 indicating that the function
defined is an inverse low-delay filterbank for 32 bands with
8 blocks overlap from the past and 0 blocks overlap from the
future.

As discussed with respect to the comparison of the
implementation shown in FIGS. 9a and 9b, the implemen-
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tation according to the script of FIG. 10b is also closely
related to the implementation of the 64-subband synthesis
filterbank according to FIG. 10a. As a consequence, the
same vectors are provided to the function and are output by
the function which, however, comprise only half the number
of elements compared to the implementation of FIG. 10a.
The implementation for a 32-band synthesis filterbank for 32
bands differs from the 64-subband version illustrated in FIG.
10a, mainly with respect to two aspects. The code sequences
$500, S510, S520, S53p, S560, S570 and S580 are replaced
with code sequences in which the number of elements to be
addressed and further number of element-related parameters
are divided by 2. Moreover, the code sequence S540 of
generating the synthesis window function is replaced by a
code sequence S542, in which the synthesis window func-
tion is generated as a linearly interpolated synthesis window
function according to equation (15).

In the code sequence S500' replacing the code sequence
S$500, the variable m is defined to be equal to m=(32+1)/2
and the vector temp is defined according to equation (27),
wherein the index n only covers the range of 1 to 32 and
wherein the factor of Y125 is replaced by the factor Y64 in the
argument of the exponential-function.

Accordingly, in the code sequence S510' replacing the
code sequence S510, the index range only covers the indices
of the 32-element comprising the vector temp. In other
words, the index only covers the values from 1 to 32.
Accordingly, in the code sequence S520' replacing the code
sequence S520, the argument of the exponential function is
replaced by (i-m-n/64), wherein the index n is in the range
from O to 63. In the framework of the code sequence S530',
the index range is also reduced by a factor of 2 compared to
the code sequence S530.

The code sequence S542 replacing the code sequence
S$540 of FIG. 10a also copies the window function as stored
in the vector LDFB80_win to the vector win_ana and
generates a time-reversed version win_syn according to
equation (28). However, the code sequence S542 of the
implementation shown in FIG. 10b further comprises an
interpolation step according to equation (15), in which for
each element of the redefined vector win_syn comprising the
window coefficients of the synthesis window function, a
linear interpolation of two consecutive window coefficients
of the original synthesis window function.

The code sequence S550 of applying the window to the
vector tmp and replacing the elements tmp with the win-
dowed version thereof is identical in terms of the code as a
direct comparison of the respective code sequences in FIGS.
10a and 10b. However, due to the smaller size of the vector
tmp in the implementation of FIG. 10b, during an imple-
mentation, only half the number of multiplications is carried
out.

Also in the framework of the code sequences S560', S570'
and S580' replacing the code sequences S560, S570 and
S580, respectively, the indices 640 and 64 are replaced by
320 and 32, respectively. Therefore, these three final code
sequences only differ from the code sequences of the imple-
mentation shown in FIG. 10a with respect to the size of the
vector states tmp and y.

As the embodiments described so far have illustrated, the
analysis windower as well as the synthesis windower are
adapted to windowing the respective samples in the time-
domain comprised in the respective frames by multiplying
these on an element-wise basis with window coefficients of
a window function.

Before describing a window function, which can be
employed for instance as a synthesis window function and as
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an analysis window function in its time-reversed version
more closely, advantages of embodiments according to the
present invention will be outlined in more detail, especially
in view of an implementation in the framework of a SBR
tool or system as shown in FIGS. 5 and 6.

Among the advantages, embodiments according to the
present invention and systems comprising more than one
embodiment according to the present invention may offer is
a significant reduction of the delay according to other
filterbanks. However, this low-delay property will be
addressed in the context of FIGS. 13 and 14 in more detail.
One important aspect in this context is to note that the length
of the window function, in other words, the number of
window coeflicients to be applied to a frame or a block of
time-domain samples is independent of the delay.

Embodiments according to the present invention offer the
further advantage of improving the quality of the (recon-
structed) audio data. The interpolation employed in embodi-
ments according to the present invention offers a signifi-
cantly reduced aliasing compared to other reduction
schemes concerning the number of window coefficients.

Moreover, as will be outlined in the context of FIGS. 17
and 18 in more detail, in terms of the psychoacoustics,
embodiments according to the present invention often make
use the temporal masking properties of the human ear better
than many other filterbanks. Moreover, as will be more
closely outlined in the context of FIGS. 15, 16 and 19,
embodiments according to the present invention offer an
excellent frequency response.

Also, in many filterbanks according to an embodiment of
the present invention, a perfect reconstruction is achievable
if an analysis filterbank and the synthesis filterbank are
interconnected. In other words, embodiments according to
the present invention do not only offer an audibly indistin-
guishable output compared to the input of such an intercon-
nected set of an analysis filterbank and a synthesis filterbank,
but (apart from quantization errors, computational rounding
effects and further effects caused by the discretization, an
identical output compared to the input.

An integration in the SBR module of filterbanks accord-
ing to the present invention can easily be achieved. While
typically SBR modules operate in the dual-rate mode, the
complex-valued low-delay filterbanks according to embodi-
ments of the present invention are capable of providing
perfect reconstruction in the single-rate mode, while the
original SBR QMF filterbanks are capable of only providing
near-perfect reconstruction. In the dual-rate mode, the
32-band version of the impulse response is obtained by
linear interpolation also referred to as downsampling of two
adjacent taps or window coefficients of the 64-band impulse
response or window function as explained in the context of
FIG. 3.

In the case of a complex-valued implementation of a
filterbank, a significant reduced analyzing (or synthesizing)
delay for critically sampled filterbanks can be achieved, in
which the sampling or processing frequency corresponds to
the border frequency according to the Nyquist-Shannon
Theory. In the case of a real-valued implementation of a
filterbank, an efficient implementation can be achieved
employing optimized algorithms, as for instance illustrated
in the context of the MATLAB-implementation shown in
FIGS. 9 and 10. These implementations may for instance be
employed for the low-power mode of the SBR tool as
described in the context of FIGS. 5 and 6.

As outlined in the context of FIGS. 5 and 6, it is possible
to achieve a further reduction concerning the delay in the
case of an SBR system by using a complex-valued low-
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delay filterbank according to an embodiment of the present
invention. As outlined before, in the SBR decoder 610 as
shown in FIG. 5, the QMF analysis filterbank 620 is replaced
by a complex low-delay filterbank (CLDFB) according to an
embodiment of the present invention. This replacement can
be done in a computable way by keeping the number of
bands (64), the length of the impulse response (640) and by
using a complex modulation. The delay achieved by this tool
is minimized to such an extent to achieve an overall delay
low enough for a bi-directional communication without
sacrificing an achievable quality level.

Compared, for instance, to a system comprising a MDCT
and a MDST to form a complex-valued MDCT-like system,
an embodiment according to the present invention provides
a far better frequency response. Compared to the QMF
filterbank, for instance, used in the MPEG-4 SBR today, a
system comprising one or more filterbanks according to
embodiments of the present invention provides a signifi-
cantly lower delay.

Even compared to a low-delay QMF filterbank, embodi-
ments according to the present invention offer the advantage
of a perfect reconstruction combined with the lower delay.
The advantages arising from the perfect reconstruction prop-
erty in contrast to the near-perfect reconstruction of QMF
filterbanks are the following. For near-perfect reconstruc-
tion, a high stopband attenuation is needed to attenuate the
aliasing to a sufficiently low level. This restricts the possi-
bility of achieving a very low-delay in the filter design. In
contrast, employing an embodiment according to the present
invention now has the possibility of independently design-
ing the filter so that no high stopband attenuation is needed
to attenuate the aliasing to sufficiently low levels. The
stopband attenuation has just to be low enough to allow
reduced aliasing sufficient for the desired signal processing
application. Thus, a better trade-off towards lower delay can
be achieved in the filter design.

FIG. 11 shows a comparison of a window function 700 as
can, for instance, be employed in an embodiment according
to the present invention along with the sine-window function
710. The window function 700, which is also referred to as
a “synthesis” CMLDFB-window (CMLDFB=complex
modulated low-delay filterbank), comprises 640 window
coeflicients based on the values given in the table in Annex
1. Concerning the magnitude of the window functions, it
should be noted that general amplification factors or damp-
ing factors for adjusting an amplitude of the windowed
signal are not considered in the following. Window func-
tions can, for instance, be normalized with respect to a value
corresponding to the center of delay, as outlined in the
context of FIG. 13, or with respect to a value n=N, n=N-1
or n=N+1, wherein N is the block length and n is the index
of the window coefficients. In comparison, the sine-window
function 710 is only defined over 128 samples and is, for
instance, employed in the case of an MDCT or an MDST
module.

However, depending on implementational details, to
obtain the window coefficients based on the values given in
the tables in the Annexes 1 and 3, additional sign changes
with respect to the window coefficients corresponding to the
indices 128 to 255 and 384 to 511 (multiplication with factor
(=1)) should be considered according to equations (16a) and
(16b).

Before discussing the differences of the two window
functions 700, 710, it should be noted that both window
functions comprise real-valued window coefficients only.
Moreover, in both cases, an absolute value of the window
coeflicient corresponding to an index n=0 is smaller than
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0.1. In the case of a CMLDFB-window 700, the respective
value is even smaller than 0.02.

Considering the two window functions 700, 710 with
respect to their definition sets, several significant differences
are evident. Whereas the sine-window function 710 is sym-
metric, the window function 700 shows an asymmetric
behavior. To define this more clearly, the sine-window
function is symmetric as a real-valued value n, exists so that
with respect to all real numbers n, so that the window
function 710 is defined for (ny+n) and (n,—n), the relation

Iw(ng-n)I=Iw(ng+n)l 29)

is fulfilled to a desirable margin (e=0; the absolute value of
the difference of the terms on the two sides of equation (29)
is smaller than or equal to €), wherein w(n) represents the
window coefficient corresponding to the index n. In the case
of the sine-window the respective index ny, is exactly in the
middle of the two topmost window coeflicients. In other
words, for the sine-window 710 the index is n,=63.5. The
sine-window function is defined for indices n=0, . . ., 127.

In contrast, the window function 700 is defined over the
set of indices n=0, . . . , 639. The window function 700 is
clearly asymmetric in the sense that for all real-valued
numbers n,, at least one real number exists so that (ny,+n) and
(ny,-n) belong to the definition set of the window function,
for which the inequality

[w(no—n)l=w(ng+n)l (30)

holds to an (almost deliberately) definable margin (e=0; the
absolute value of the difference of the terms on the two sides
of equation (29) is greater than or equal to €), wherein once
again w(n) is the window coefficient corresponding to the
index n.

Further differences between the two window functions,
which both relate to block sizes of N=64 samples, is that the
maximum value of the window function 700 are larger than
1 and is acquired for indices in the range of

N=n=2N (31)

for the synthesis window. In the case of the window function
700 shown in FIG. 11, the maximum value acquired is larger
than 1.04 acquired at the sample index n=77. In contrast, the
maximum values of the sine-window 710 is smaller than or
equal to 1, which is acquired at n=63 and n=64.

However, also the window function 700 acquires a value
of approximately 1 at sample indices around n=N. To be
more precise, the absolute value or the value itself of the
window coefficient w(N-1) corresponding to the index
n=N-1 is smaller than 1, whereas the absolute value or the
value itself of the window coefficient w(N) corresponding to
the index n=N is larger than 1. In some embodiments
according to the present invention, these two window coef-
ficients obey the relations

0.99<w(N-1)<1.0

1.0<w(N)<1.01, (32)

which is a result of optimizing the audio quality of the
filterbanks according to embodiments of the present inven-
tion. In many cases it is desirable to have a window
coeflicient w(0) comprising an absolute value as small as
possible. In this case, a determinant of the window coeffi-

cients
[w(0)w(@N-1)-w(N-1)w(N) =1 (33)

should be as close as possible to 1 to achieve an audio
quality, which is optimized with respect to the possible
parameters. The sign of the determinant as given by equation
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(33) is, however, freely choosable. As a consequence of the
window coefficient w(0) being smaller or approximately 0,
the product of w(N-1) w(N) or its absolute values should be
as close as possible to +/-1. In this case, the window
coefficient w(2N-1) can then be chosen almost freely.
Equation (33) is a result of employing the technique of
zero-delay matrices as described in “New Framework for
Modulated Perfect Reconstruction Filter Banks” by G. D. T.
Schuller and M. J. T. Smith, IEEE Transactions on Signal
Processing, Vol. 44, No. 8, August 1996.

Furthermore, as will be outlined in more detail in the
context of FIG. 13, the window coeflicients corresponding to
the indices N-1 and N are comprised in the middle of the
modulation core and therefore correspond to the sample
having a value of approximately 1.0 and which coincides
with the delay of the filterbank as defined by the prototype
filter function or the window function.

The synthesis window function 700 as shown in FIG. 11
furthermore shows an oscillating behavior with strictly
monotonic increasing window coeflicients from the window
coeflicient of the sequence of window coefficients corre-
sponding to the index (n=0) used for windowing the latest
time-domain audio sample up to the window coeflicient
comprising the highest absolute value of all window coet-
ficients of the synthesis window function 700. Naturally, in
the case of the time-reversed analysis window function, the
oscillating behavior comprises a strictly monotonic decrease
of the window coefficients from the window coefficient
comprising the highest absolute value of all window coet-
ficients of a corresponding (time-reverse) analysis window
function to the window coefficients of the sequence of
window coeflicients corresponding to an index (n=639) used
for windowing the latest time-domain audio sample.

As a consequence of the oscillating behavior, the devel-
opment of the synthesis window function 700 starts with a
window coefficient corresponding to the index n=0 having
an absolute value smaller than 0.02 and an absolute value of
the window coefficient corresponding to the index n=1 of
lower than 0.03, acquiring a value of about 1 at an index
n=N, acquiring a maximum value of more than 1.04 at an
index according to equation (31), acquiring a further value
of approximately 1 at an index n=90 and 91, a first sign
change at the index values of n=162 and n=163, acquiring a
minimal value of less than -0.1 or —0.12755 at an index of
approximately n=3N and a further sign change at index
values n=284 and n=285. However, the synthesis window
function 700 further may comprise further sign changes at
further index values n. When comparing the window coef-
ficients to the values given in the tables in the Annexes 1 and
3, the additional sign changes with respect to the window
coeflicients corresponding to the indices 128 to 255 and 384
to 511 (multiplication with factor (-1)) should be considered
according to equations (16a) and (16b).

The oscillating behavior of the synthesis window function
700 is similar to that of a strongly damped oscillation, which
is illustrated by the maximum value of about 1.04 and the
minimum value of about —-0.12. As a consequence, more
than 50% of all window coefficients comprise absolute
values being smaller than or equal to 0.1. As outlined in the
context of the embodiments described in FIGS. 1 and 2a, the
development of the window function comprises a first group
420 (or 200) and a second group 430 (or 210), wherein the
first group 420 comprises a first consecutive portion of
window coeflicients and the second group 430 comprises a
consecutive second portion of window coefficients. As
already outlined before, the sequence of window coefficients
of'the window comprises only the first group 420 of window
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coefficients and the second group of window functions 430,
wherein the first group 420 of window coefficients exactly
comprises the first consecutive sequence of window coeffi-
cients, and wherein the second group 430 exactly comprises
the second consecutive portion of window coefficients.
Hence, the terms first group 420 and first portion of window
coefficients as well as the terms second group 430 and
second portion of window coefficients can be used synony-
mously.

The more than 50% of all window coefficients having
absolute values smaller than or equal to 0.1 are comprised in
the second group or second portion 430 of window coeffi-
cients as a consequence of the strongly damped oscillatory
behavior of the window function 700. Moreover, also more
than 50% of all window coefficients comprised in the second
group or second portion 430 of window coefficients com-
prise absolute values of less than or equal to 0.01.

The first portion 420 of window coefficients comprises
less than one third of all window coefficients of the sequence
of window coefficients. Accordingly, the second portion 430
of window coefficients comprises more than two thirds of
window coefficients. In the case of a total number of blocks
T to be processed in one of the frames 120, 150, 330, 380 of
more than four blocks, the first portion typically comprises
3/2-N window coefficients, wherein N is the number of
time-domain samples of one block. Accordingly, the second
portion comprises the rest of the window coefficients or, to
be more precise, (T—3/2)N window coefficients. In the case
of T=10 blocks per frame as shown in FIG. 11, the first
portion comprises 3/2:-N window coefficients, whereas the
second portion 210 comprises 8.5-N window coefficients. In
the case of a block size of N=64 time-domain audio samples
per block, the first portion comprises 96 window coeffi-
cients, whereas the second portion comprises 544 window
coefficients. The synthesis window function 700 as shown in
FIG. 11 acquires a value of approximately 0.96 at the border
of the first portion and the second portion at an index of
around n=95 or 96.

Despite the number of window coefficients comprised in
the first portion 420 and the second portion 430, an energy
value or a total energy value of corresponding window
coefficients differ significantly from one another. The energy
value as defined by

G4

E=Y [l

wherein w(n) is a window coefficient and the index n over
which the sum in equation (34) is evaluated corresponds to
the indices of the respective portions 420, 430, the whole set
of window coefficients or any other set of window coeffi-
cients to which the respective energy values E corresponds.
Despite the significant difference of window coefficients, the
energy value of the first portion 420 is equal to or higher than
% of the overall energy value of all window coefficients.
Accordingly, the energy value of the second portion 430 is
smaller than or equal to /5 of the overall energy value of all
window coefficients.

To illustrate this, the energy value of the first portion 420
of the window coefficients of the window function 700 is
approx. 55.85, while the energy value of the window coef-
ficients of the second portion 430 is approx. 22.81. The
overall energy value of all window coefficients of the
window function 700 is approx. 78.03, so that the energy
value of the first portion 420 is approx. 71.6% of the overall
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energy value, while the energy value of the second portion
430 is approx. 28.4% of the overall energy value of all
window coefficients.

Naturally, equation (34) can be stated in a normalized
version by dividing the energy value E by a normalization
factor Eg, which can in principle be any energy value. The
normalization factor E, may, for instance, be the overall
energy value of all window coefficients of the sequence of
window coefficients calculated according to equation (34).

Based on the absolute values of the window coefficients
or based on the energy values of the respective window
coefficients, also a center point or a “center of mass” of the
sequence of window coefficients can be determined. The
center of mass or the center point of the sequence of window
coefficients is a real number and typically lies in the range
of indices of the first portion 420 of the window coefficients.
In the case of the respective frames comprising more than
four blocks of time-domain audio samples (T>4), the center
of mass n_, based on the absolute values of the window
coefficients or the center of mass n_., based on the energy
values of the window coefficients is smaller than 3/2-N. In
other words, in the case of T=10 blocks per frame, the center
of mass lies well within the region of indices of the first
portion 200.

The center of mass n_, based on the absolute values of the
window coefficients w(n) are defined according to
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wherein N and T are positive integers indicating the number
of time-domain audio samples per block and the number of
blocks per frame, respectively. Naturally, the center points
according to equations (35) and (36) can also be calculated
with respect to a limited set of window coefficients by
replacing the limits of the sums above accordingly.

For the window function 700 as shown in FIG. 1, the
center of mass n., based on the absolute values of the
window coefficients w(n) is equal to a value of n_,~87.75
and the center point or center of mass n., with respect to the
energy values of the window coefficients w(n) is n_,=80.04.
As the first portion 200 of window coefficients of the
window function 700 comprises 96 (=3/2-N; N=64) window
coefficients, both center points lie well within the first
portion 200 of the window coefficients, as previously out-
lined.

The window coefficients w(n) of the window function 700
are based on the values given in the table in Annex 1.
However, to achieve, for instance, the low-delay property of
the filterbank as outlined before, there is no need to imple-
ment the window function as precisely as given by the
window coefficients in the table of Annex 1. [n many cases,
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it is more than sufficient for the window coeflicients of a
window function comprising 640 window coefficients to
fulfill any of the relations or equations given in the tables of
Annexes 2 to 4. The window coefficients or filter coefficients
given in the table in Annex 1 represent advantageous values,
which might be adapted according to equations (16a) and
(16b) in some implementations. However, as indicated, for
instance, by the further tables given in the further Annexes,
the advantageous values can be varied from the second,
third, fourth, fifth digit after the decimal point so that the
resulting filters or window functions still have the advan-
tages of embodiments according to the present invention.
However, depending on implementational details, to obtain
the window coefficients based on the values given in the
tables in the Annexes 1 and 3, additional sign changes with
respect to the window coefficients corresponding to the
indices 128 to 255 and 384 to 511 (multiplication with factor
(-1)) should be considered according to equations (16a) and
(16b).

Naturally, further window functions comprising a differ-
ent number of window coefficients can equally be defined
and be used in the framework of embodiments according to
the present invention. In this context it should be noted that
both the number of time-domain audio samples per block
and the number of blocks per frame as well as the distribu-
tion of the blocks with respect to past samples and future
samples can be varied over a wide range of parameters.

FIG. 12 shows a comparison of a complex modulated
low-delay filterbank window (CMLDFB-window) 700 as
shown in FIG. 11 and the original SBR QMF prototype filter
720 as employed, for instance, in the SBR tool according to
the MPEG standards. As shown in FIG. 11, the CMLDFB
window 700 is once again the synthesis window according
to an embodiment of the present invention.

While the window function 700 according to an embodi-
ment of the present invention is clearly asymmetric as
defined in the context of equation (30), the original SBR
QMF prototype filter 720 is symmetric with respect to the
indices n=319 and 320, as the window function 700 as well
as the SBR QMF prototype filter 720 are each defined with
respect to 640 indices each. In other words, with respect to
equation (29) the “index value” n, representing the index of
the symmetry center is given by n,=319.5 in the case of the
SBR QMF prototype filter 720.

Moreover, due to the symmetry of the SBR QMF proto-
type filter 720, also the center point n_, and n_, according to
equations (35) and (36), respectively, are identical to the
symmetry center n,. The energy value of the SBR QMF
prototype filter 720 is 64.00 as the prototype filter is an
orthogonal filter. In contrast, the clearly asymmetric window
function 700 comprises an energy value of 78.0327 as
outlined before.

In the following sections of the description, SBR systems
as outlined in the context of FIGS. 5 and 6 will be consid-
ered, in which the SBR decoder 610 comprises embodi-
ments according to the present invention in the form of an
analysis filterbank as the filterbank 620 and an embodiment
according to the present invention in the form of a synthesis
filterbank for the synthesis filterbank 640. As will be out-
lined in more detail, the overall delay of an analysis filter-
bank according to the present invention employing the
window function 700 as shown in FIGS. 11 and 12 com-
prises an overall delay of 127 samples, whereas the original
SBR QMF prototype filter-based SBR tool results in an
overall delay of 640 samples.

The replacement of the QMF filterbanks in the SBR
module, for instance in the SBR decoder 610, by a complex-

35

40

45

50

55

65

44

valued low-delay filterbank (CLDFB) results in a delay
reduction from 42 ms to 31.3 ms without introducing any
degradation of audio quality or additional computational
complexity. With the new filterbank both, the standard SBR
mode (high-quality mode) and the low-power mode employ-
ing only real-valued filterbanks, are supported, as the
description of embodiments according to the present inven-
tion with respect to FIGS. 7 to 10 has shown.

Especially in the field of telecommunication and bi-
directional communication, a low-delay is of great impor-
tance. While the enhanced low-delay AAC is already
capable of achieving a delay low enough for communication
applications of 42 ms, its algorithmic delay is still higher
than that of the low-delay AAC corecodec, which is capable
of achieving delays of down to 20 ms and that of other
telecommunication codecs. In the SBR decoder 610, the
QMF analysis and synthesis stages still cause a reconstruc-
tion delay of 12 ms. A promising approach to reduce that
delay is to utilize a low-delay filterbank technique according
to an embodiment of the present invention and to replace the
current QMF filterbanks by a respective low-delay version
according to the embodiments of the present invention. In
other words, a further delay reduction is achieved by simply
replacing the regular filterbanks used in the SBR module
610 by a complex low-delay filterbank according to the
embodiments of the present invention.

For the usage in the SBR module 610, the new filterbanks
according to embodiments of the present invention, which
are also referred to as CLDFBs, are designed to be as similar
to the originally used QMF filterbanks as possible. This
includes, for instance, the use of 64 subbands or bands, an
equal length of the impulse responses and a compatibility
with dual-rate modes as employed in SBR systems.

FIG. 13 illustrates the comparison of the CLDFB window
shape 700 according to an embodiment of the present
invention and the original SBR QMF prototype filter 720.
Furthermore, it illustrates the delay of modulated filterbanks,
which can be determined by analyzing the overlap delay
introduced by the prototype filter or window function in
addition to the framing delay of the modulation core having
a length of N samples in the case of a DCT-1V-based system.
The situation shown in FIG. 13 refers once again to the case
of a synthesis filterbank. The window function 700 and the
prototype filter function 720 also represent impulse
responses of the synthesis prototype filters of the two
filterbanks involved.

With respect to the delay analysis for both the SBR QMF
filterbank and the proposed CLDFB according to an embodi-
ment of the present invention, in the analysis and the
synthesis only the overlap to the right side and the left side
of the modulation core, respectively, adds delay.

For both filterbanks, the modulation core is based on a
DCT-1V introducing a delay of 64 samples, which is marked
in FIG. 13 as the delay 750. In the case of the SBR QMF
prototype filter 720 due to the symmetry the modulation core
delay 750 is symmetrically arranged with respect to the
center of mass or center point of the respective prototype
filter function 720 as indicated in FIG. 13. The reason for
this behavior is that the buffer of the SBR QMF filterbank
needs to be filled up to a point that the prototype filter
function 720 having the most significant contribution in
terms of the respective energy values of the prototype filter
values will be considered in the processing. Due to the shape
of the prototype filter function 720, this necessitates the
buffer to be filled up at least to the center point or center of
mass of the respective prototype filter function.
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To illustrate this further, starting from an all initialized
buffer of the corresponding SBR QMF filterbank, the buffer
needs to be filled up to a point that a processing of data will
result in a processing of significant data, which necessitates
the respective window function or prototype filter function
to have a significant contribution. In the case of the SBR
QMF prototype filter function, the symmetric shape of the
prototype filter 720 yields a delay, which is of the order of
the center of mass or center point of the prototype filter
function.

However, as the delay introduced by the modulation core
of the DCT-IV-based system of N=64 for samples is present
and the system also comprises a delay of one block, it can
be observed that the synthesis prototype for the SBR QMF
introduces an overlap delay of 288 samples.

As indicated earlier, in the case of the synthesis filterbanks
to which FIG. 13 relates, this additional left-side overlap 760
causes the delay, while the right-side overlap 770 relates to
past samples and therefore does not introduce an additional
delay in the case of a synthesis filterbank.

In contrast, starting with an all initialized buffer of the
CLDFB according to an embodiment of the present inven-
tion, the synthesis filterbank as well as the analysis filterbank
is capable of providing “meaningful” data sooner compared
to the SBR QMTF filterbank due to the shape of the window
function. In other words, due to the shape of the analysis or
synthesis window function 700, samples processed by win-
dow functions indicative of the significant contribution is
sooner possible. As a consequence, the synthesis prototype
or synthesis window function of the CLDFB introduces only
an overlap delay of 32 samples taking into account the delay
already introduced by the modulation core 750. The first
portion 420 or first group 420 of window coeflicients of the
window function 700 according to an embodiment of the
present invention comprises in an embodiment according to
the present invention the 96 window coeflicients corre-
sponding to the delay caused by the left-side overlap 760
together with the modulation core delay 750.

The same delay is introduced by the analysis filterbank or
the analysis prototype function. The reason is that the
analysis filterbank is based on the time-reverse version of
the synthesis window function or prototype function. Thus,
the overlap delay is introduced on the right side comprising
the same overlap size as for the synthesis filterbank. Hence,
in the case of an original QMF prototype filterbank, also a
delay of 288 samples is introduced while for an analysis
filterbank according to an embodiment of the present inven-
tion only 32 samples are introduced as a delay.

The table shown in FIG. 14a provides an overview of the
delay with different modification stages assuming a frame
length of 480 samples and a sampling rate of 48 kHz. In a
standard configuration comprising an AAC-LD codec along
with a standard SBR tool, the MDCT and IMDCT filter-
banks in the dual-rate mode cause a delay of 40 ms.
Moreover, the QMF tool itself causes a delay of 12 ms.
Moreover, due to an SBR-overlap, a further delay of 8 ms is
generated so that the overall delay of this codec is in the
range of 60 ms.

In comparison an AAC-ELD codec comprising low-delay
versions of the MDCT and the IMDCT generate in the
dual-rate approach a delay of 30 ms. Compared to the
original QMF filterbank of an SBR tool, employing a
complex-valued low-delay filterbank according to an
embodiment of the present invention will result in a delay of
only 1 ms compared to 12 ms of the original QMF tool. By
avoiding the SBR-overlap the additional overlap of 8 ms of
a straightforward combination of an AAC-LD and the SBR

10

15

20

35

40

45

50

55

60

65

46

tool can be avoided completely. Therefore, the enhanced
low-delay AAC codec is capable of an overall algorithmic
delay of 31 ms rather than 60 ms for the straightforward
combination previously outlined. Therefore, it can be seen
that the combination of the described delay reduction meth-
ods indeed results in a total delay saving of 29 ms.

The table in FIG. 14b gives a further overview of the
overall codec delay caused by the original and the proposed
filterbank versions in a system as shown in FIGS. 5 and 6.
The data and values given in FIG. 14b are based on a
sampling rate of 48 kHz and a core coder frame size of 480
samples. Due to the dual-rate approach of a SBR system as
shown and discussed in FIGS. 5 and 6, the core coder is
effectively running at a sampling rate of 24 kHz. Since the
framing delay of 64 samples for the modulation core is
already introduced by the core coder, it can be subtracted
from the standalone delay values of the two filterbanks as
described in the context of FIG. 13.

The table in FIG. 14b underlines that it is possible to
reduce the overall delay of the enhanced low-delay AAC
codec comprising the low-delay versions of the MDCT and
the IMDCT (LD MDCT and LD IMDCT). While an overall
algorithmic delay of 42 ms is achievable only by employing
the low-delay versions of the MDCT and the IMDCT as well
as the original QMF filterbanks, by using complex-valued
low-delay filterbanks according to embodiments of the pres-
ent invention instead of the conventional QMF filterbanks,
the overall algorithmic delay can be significantly reduced to
only 31.3 ms.

To evaluate the quality of the filterbanks according to
embodiments of the present invention and systems compris-
ing one or more filterbanks, listening tests have been carried
out, from which it can be concluded that filterbanks accord-
ing to embodiments of the present invention keep the audio
quality of AAC-ELD at the same level and do not introduce
any degradation, neither for the complex SBR mode nor for
the real-valued low-power SBR mode. Thus, the delay-
optimized filterbanks according to embodiments of the pres-
ent invention do not introduce any burden on the audio
quality although they are capable of reducing the delay by
more than 10 ms. For the transient items it can even be
observed that some slight, but not statistically significant
improvements are achievable. The above-mentioned
improvements have been observed during listening tests of
castagnettes and glockenspiels.

In order to further verify that the downsampling in the
case of a 32-band filterbank according to an embodiment of
the present invention works equally well for the filterbanks
according to the present invention compared to QMF filter-
banks, the following evaluation was performed. First, a
logarithmic sine sweep was analyzed with a downsampled
32-band filterbank, wherein the 32 upper bands, initialized
with zeros, were added. Afterwards, the outcome was syn-
thesized by a 64-band filterbank, downsampled again and
compared to the original signal. Using a conventional SBR
QMF prototype filter results in a signal-to-noise ratio (SNR)
of 59.5 dB. A filterbank according to the present invention,
however, achieves an SNR value of 78.5 dB, which illus-
trates that filterbanks according to embodiments of the
present invention also perform in the downsampled version
at least as well as the original QMF filterbanks.

In order to show that this delay-optimized, non-symmetric
filterbank approach as employed in embodiments according
to the present invention does provide additional value com-
pared to a classical filterbank with a symmetric prototype,
asymmetric prototypes will be compared with symmetric
prototypes having the same delay in the following.
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FIG. 15a shows a comparison of a frequency response in
a far-field illustration of a filterbank according to the present
invention employing a low-delay window (graph 800) com-
pared to the frequency response of a filterbank employing a
sine-window having a length of 128 taps (graph 810). FIG.
15b shows a magnification of the frequency response in the
near-field of the same filterbanks employing the same win-
dow functions as outlined before.

A direct comparison of the two graphs 800, 810 shows
that the frequency response of the filterbank employing a
low-delay filterbank according to an embodiment of the
present invention is significantly better than the correspond-
ing frequency response of a filterbank employing a sine-
window of 128 taps having the same delay.

Also, FIG. 16a shows a comparison of different window
functions with an overall delay of 127 samples. The filter-
bank (CLDFB) with 64 bands comprises an overall delay of
127 samples including the framing delay and the overlap
delay. A modulated filterbank with a symmetric prototype
and the same delay would, therefore, have a prototype of a
length of 128, as already illustrated in the context of FIGS.
15a and 15b. For these filterbanks with 50% overlap, such
as, for instance, the MDCT, sine-windows or Kaiser-Bessel-
derived windows generally provide a good choice for pro-
totypes. Hence, in FIG. 16a an overview of a frequency
response of a filterbank employing a low-delay window as
a prototype according to an embodiment of the present
invention is compared to the frequency responses of alter-
native symmetric prototypes with the same delay. FIG. 16a
shows, apart from the frequency response of the filterbank
according to the present invention (graph 800) and the
frequency response of a filterbank employing a sine-window
(graph 810), as already shown in FIGS. 15a and 15b,
furthermore two KBD windows based on the parameters
a=4 (graph 820) and a=6 (graph 830). Both, FIG. 16a and
the close-up of FIG. 16a shown in FIG. 16b, clearly show
that a much better frequency response can be achieved with
a filterbank according to an embodiment of the present
invention having a non-symmetric window function or a
prototype filter function with the same delay.

To illustrate this advantage on a more general basis, in
FIG. 17 two filterbank prototypes with delay values different
from the previously described filterbank are compared.
While the filterbank according to the present invention,
which was considered in FIGS. 15 and 16, has an overall
delay of 127 samples, which corresponds to an overlap of 8
blocks into the past and 0 blocks into the future (CLDFB
80), FIG. 17 shows a comparison of the frequency responses
of two different filterbank prototypes with a same delay of
383 samples. To be more precise, FIG. 17 shows a frequency
response of a non-symmetric prototype filterbank (graph
840) according to an embodiment of the present invention,
which is based on an overlap of 6 blocks of time-domain
samples into the past and 2 blocks of time-domain samples
into the future (CLDFB 62). Moreover, FIG. 17 also shows
the frequency response (graph 850) of a corresponding
symmetric prototype filter function also having a delay of
383 samples. It can be seen that with the same delay value
a non-symmetric prototype or window function achieves a
better frequency response than a filterbank with a symmetric
window function or prototype filter. This demonstrates the
possibility of a better trade-off between delay and quality, as
indicated earlier.

FIG. 18 illustrates the temporal masking effect of the
human ear. When a sound or a tone appears at a moment in
time indicated by a line 860 in FIG. 18, a masking effect
concerning the frequency of the tone or the sound and
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neighboring frequencies arises approximately 20 ms before
the actual sound starts. This effect is called pre-masking and
is one aspect of the psychoacoustic properties of the human
ear.

In the situation illustrated in FIG. 18, the sound remains
audible for approximately 200 ms until a moment in time
illustrated by a line 870. During this time, a masker of the
human ear is active, which is also called simultaneous
masking. After the sound stops (illustrated by line 870), the
masking of the frequency in the neighboring frequency of
the tone slowly decays over a period of time of approxi-
mately 150 ms as illustrated in FIG. 18. This psychoacoustic
effect is also referred to as post-masking.

FIG. 19 illustrates a comparison of a pre-echo behavior of
a conventional HE-AAC coded signal and an HE-AAC
coded signal which is based on a filterbank employing a
low-delay filterbank (CMLDFB) according to an embodi-
ment of the present invention. FIG. 19a illustrates the
original time signal of castagnettes, which have been pro-
cessed with a system comprising an HE-AAC codec (HE-
AAC=high-efficiency advanced audio codec). The output of
the system based on the conventional HE-AAC is illustrated
in FIG. 19b. A direct comparison of the two signals, the
original time signal and the output signal of the HE-AAC
codec shows that prior to the beginning of the sound of the
castagnettes in the area illustrated by an arrow 880 the
output signal of the HE-AAC codec comprises noticeable
pre-echo effects.

FIG. 19c illustrates an output signal of a system compris-
ing an HE-AAC based on filterbanks comprising CMLDFB-
windows according to an embodiment of the present inven-
tion. The same original time signals indicated in FIG. 19a
and processed using filterbanks according to an embodiment
of'the present invention show a significantly reduced appear-
ance of pre-echo effects just prior to the beginning of a
castagnettes signal as indicated by an arrow 890 in FIG. 19c.
Due to the pre-masking effect as described in the context of
FIG. 18, the pre-echo effect indicated by the arrow 890 of
FIG. 19c¢ will be far better masked than the pre-echo effects
indicated by the arrow 880 in the case of the conventional
HE-AAC codec. Therefore, the pre-echo behavior of filter-
banks according to the present invention, which is also a
result of the significantly reduced delay compared to con-
ventional filterbanks, causes the output to be far better fitted
to the temporal masking properties and the psychoacoustics
of the human ear. As a consequence, as was already indi-
cated when describing the listening tests, employing filter-
banks according to an embodiment of the present invention
can even lead to an improvement concerning the quality
caused by the reduced delay.

Embodiments according to the present invention do not
increase the computational complexity compared to conven-
tional filterbanks. Low-delay filterbanks use the same filter
length and the same mode of modulation as, for instance,
QMF filterbanks in the case of SBR systems such that the
computational complexity does not increase. In terms of
memory requirements due to the asymmetric nature of the
prototype filters, the ROM (read-only memory) memory
requirement for the synthesis filterbank increase approxi-
mately by 320 words in the case of a filterbank based on
N=64 samples per block and T=10 blocks per frame. More-
over, in the case of an SBR-related system, the memory
requirement further increases by another 320 words if the
analysis filter is stored separately.

However, as the current ROM requirements for an AAC-
ELD core is approximately 2.5 k words (kilo words) and for
the SBR implementation another 2.5 k words, the ROM
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requirement is only moderately increased by about 10%. As
a possible trade-off between memory and complexity, if a
low memory consumption is paramount, a linear interpola-
tion can be used to generate the analysis filter from the
synthesis filter as outlined in the context of FIG. 3 and
equation (15). This interpolation operation increases the
number of instructions by only approximately 3.6%. There-
fore, a replacement of the conventional QMF filterbanks in
the framework of SBR modules by: low-delay filterbanks
according to embodiments of the present invention, the
delay can be reduced in some embodiments by more than 10
ms without any degradation of audio quality or noticeable
increase in complexity.

Embodiments according to the present invention therefore
relate to an analysis or synthesis window or apparatus or
method for windowing. Moreover, an analysis or synthesis
filterbank or method of analyzing or synthesizing a signal
using a window is described. Naturally, the computer pro-
gram implementing one of the above methods is also dis-
closed.

Implementation according to embodiments of the present
invention can be carried out as hardware implementations,
software implementations or a combination of both. Data,
vectors and variables generated, received or otherwise
stored to be processed may be stored in different kinds of
memories such as random-access memories, buffers, Read-
Only memories, non-volatile memories (e.g. EEPROMs,
flash-memories) or other memories such as magnetic or
optical memories. A storage position may, for instance, be
one or more memory units needed to store or save the
respective amounts of data, such as variables, parameters,
vectors, matrices, window coefficients or other pieces of
information and data.

Software implementations may be operated on different
computers, computer-like systems, processors, ASICs (ap-
plication-specific integrated circuits) or other integrated
circuits (ICs).

Depending on certain implementation requirements of
embodiments of the inventive methods, embodiments of the
inventive methods can be implemented in hardware, soft-
ware or in a combination of both. The implementation can
be performed using a digital storage medium, in particular a
disc CD, a DVD or another disc having an electronically
readable control signal stored thereon which cooperates with
a programmable computer system, processor or integrated
circuit such that an embodiment of the inventive method is
performed. Generally, an embodiment of the present inven-
tion is, therefore, a computer program product with a
program code stored on a machine-readable carrier, the
program code being operated for performing an embodiment
of the inventive methods when the computer program prod-
uct runs on a computer, processor or integrated circuit. In
other words, embodiments of the inventive methods are,
therefore, a computer program having a program code for
performing at least one embodiment of the inventive meth-
ods when the computer program runs on a computer, pro-
cessor or integrated circuit.

An apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention comprises an analysis windower (110) for
windowing a frame (120) of time-domain audio input
samples being in a time sequence extending from an early
sample to a later sample using an analysis window function
(190) comprising a sequence of window coeflicients to
obtain windowed sampled, the analysis window function
(190) comprising a first group (200) of window coefficients
comprising a first portion of the sequence of window coet-
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ficients and a second group (210) of window coefficients
comprising a second portion of the sequence of window
coeflicients, the first portion comprising less window coef-
ficients than the second portion, wherein an energy value of
the window coefficients in the first portion is higher than an
energy value of the window coefficients of the second
portion, wherein the first group of window coeflicients is
used for windowing later time-domain samples and the
second group of window coefficients is used for windowing
earlier time-domain samples, and a calculator (170) for
calculating the audio subband values using the windowed
samples.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the analysis window function (190) is asymmetric
with respect to the sequence of window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that an energy value of the window coefficients of the
first portion is equal to or greater than 24 of an energy value
of all window coefficients of the sequence of window
coeflicients and an energy value of the window coefficients
of the second portion of window coefficients is smaller than
or equal to ¥4 of an energy value of all window coefficients
of the sequence of window coeflicients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the first portion of window coeflicients comprises
V5 or less than Y4 of a total number of window coefficients
of the sequence of window coefficients and the second
portion comprises % or more than %3 of the total number of
window coefficients of the sequence of window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that a center point of the window coefficients of the
analysis window function (190) corresponds to a real value
in an index range of the first portion of window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the analysis window function (190) comprises a
strictly monotonic decreasing from the window coefficient
comprising the highest absolute value of all window coet-
ficients of the analysis window function (190) to a window
coeflicient of the sequence of window coefficients used for
windowing the latest time-domain audio sample.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the analysis window function (190) comprises an
oscillating behavior.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficient corresponding to an index
n=(T-1)-N comprises an absolute value in the range of 0.9
to 1.1, wherein an index of the sequence of window coef-
ficients is an integer in the range of 0 to N-T-1, wherein the
window coeflicient used for windowing the latest time-
domain audio input sample of the frame 120 is the window
coeflicient corresponding to the index N-T-1, wherein the
analysis windower (110) is adapted such that the frame (120)
of time-domain audio input samples comprises a sequence
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of T blocks (130) of time-domain audio input samples
extending from the earliest to the latest time-domain audio
input samples of the frame (120), each block comprising N
time-domain audio input samples, and wherein T and N are
positive integers and T is larger than 4.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coeflicient corresponding to the index
of the window coeflicients n=N-T-1 comprises an absolute
value of less than 0.02.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis window (110) is adapted such
that windowing comprises multiplying the time-domain
audio input samples x(n) of the frame (120) to obtain the
windowed samples z(n) of the windowed frame based on the
equation

z(n)=x(n)-¢(n)

wherein n is an integer indicating an index of the sequence
of window coefficients in the range of 0 to T-N-1, wherein
c(n) is the window coefficient of the analysis window
function corresponding to the index n, wherein x(N-T-1) is
the latest time-domain audio input sample of a frame (120)
of time-domain audio input samples, wherein the analysis
windower (110) is adapted such that the frame (120) of
time-domain audio input samples comprises a sequence of T
blocks (130) of time-domain audio input samples extending
from the earliest to the latest time-domain audio input
samples of the frame (120), each block comprising N
time-domain audio input samples, and wherein T and N are
positive integers and T is larger than 4.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficients c(n) obey the relations
given in the table in Annex 4.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the apparatus (100) is adapted to using an
analysis window function (190) being a time-reversed or
index-reversed version of a synthesis window function (370)
to be used for the audio subband values.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the first portion of the analysis window function
comprises a window coefficient having an absolute maxi-
mum value being greater than 1.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that all window coefficients of the sequence of window
coeflicients are real-valued window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the frame (120) of time-domain audio input
samples comprises a sequence of T blocks (130) of time-
domain audio input samples extending from the earliest to
the latest time-domain audio input samples of the frame
(120), each block comprising N time-domain audio input
samples, wherein T and N are positive integers and T is
larger than 4.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
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present invention, the analysis windower (110) is adapted
such that windowing comprises an element-wise multiply-
ing of the time-domain audio input samples of the frame
(120) with the window coefficients of the sequence of
window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that each time-domain audio input sample is element-
wise multiplied with a window coefficient of the analysis
window function according to a sequence of time-domain
audio input samples and the sequence of window coeffi-
cients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that for each time-domain audio input sample of the
frame (120) of time-domain audio input samples exactly one
windowed sample is generated.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficient corresponding to an index
of the window coeflicients n=(T-3)-N comprises a value of
less than -0.1, wherein the index of the sequence of window
coeflicients is an integer in the range of 0 to N-T-1, and
wherein the window coefficient used for windowing the
latest time-domain audio input sample is the window coef-
ficient corresponding to the index N-T-1.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the first portion of window coeflicients comprises
3/2-N window coefficients and the second portion of window
coeflicients comprises (T-3/2)-N window coeflicients of the
sequence of window coefficients.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficients c(n) fulfill the relations
given in the table in Annex 3.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficients c(n) fulfill the relations
given in the table in Annex 2.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the analysis windower (110) is adapted
such that the window coefficients c(n) comprise the values
given in the table in Annex 1.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the apparatus (100) is adapted such that
the present frame (120) of time-domain audio input samples
to be processed is generated by shifting (T-1) later blocks of
a directly preceding frame (120) of time-domain audio input
samples by one block towards the earlier time-domain audio
input samples and by adding one block (220) of fresh
time-domain audio samples as the block comprising the
latest time-domain audio input samples of the present frame
(120).

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the apparatus (100) is adapted such that
the present frame (120) of time-domain audio input samples
x(n) to be processed is generated based on shifting the
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time-domain audio input samples x,,.,.(n) of the directly
preceding frame (120) of time-domain audio input samples
based on the equation

X(1-32)=x,0,(n)

for a time or sample index n=32, . . ., 319, and wherein the
apparatus (100) is further adapted to generating the time-
domain audio input samples x(n) of the present frame (120)
of time-domain audio input samples by including 32 next
incoming time-domain input samples according to an order
of the incoming time-domain audio input samples of
decreasing time or sample indices n for the time-domain
audio input samples x(n) of the present frame (120) starting
at the time or sample index n=31.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) comprises a time/
frequency converter adapted to generating the audio sub-
band values such that all subband values based on one frame
(150) of windowed samples represent a spectral represen-
tation of the windowed samples of the frame (150) of
windowed samples.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the time/frequency converter is adapted to
generating complex-valued or real-valued audio subband
values.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) is adapted to calcu-
lating one audio subband value for each time-domain audio
input sample of one block (130) of time-domain audio input
samples, wherein calculating each audio subband value or
each of the time-domain audio input samples of one block
(130) of time-domain audio input samples is based on the
windowed samples of the windowed frame (150).

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) is adapted to calcu-
lating the audio subband values based on multiplying the
windowed samples (150) with a harmonically oscillating
function for each subband value and summing up the
multiplied windowed samples, wherein a frequency of the
harmonically oscillating function is based on a center fre-
quency of a corresponding subband of the subband values.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) is adapted such that
the harmonically oscillating function is a complex exponen-
tial function, a sine function or a cosine function.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) is adapted to calcu-
lating the audio subband values w,; based on the equation

4
U, = Zz(n +j-64)

7=0
for n=0, . . ., 63 and

Wiy = GZS:u,,-Z-j‘GSC(% |k +05)-2n-95)
0

n=
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for k=0, . . ., 31, wherein z(n) is a windowed sample
corresponding to an index n, wherein k is a subband index,
wherein 1 is an index of a block (180) of audio subband
values and wherein f, (x) is an oscillating function depend-
ing on a real-valued variable x.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the calculator (170) is adapted such that
the oscillating function f__(x) is

osc

fosc(x)=exp(i-x)
or
fosc(x)=cos(x)
or

fosc(x)=sin(x)

wherein i is the imaginary unit.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the apparatus (100) is adapted to process-
ing a frame (120) of real-valued time-domain audio input
samples.

In an apparatus for generating audio subband values in
audio subband channels according to an embodiments of the
present invention, the apparatus (100) is adapted to provid-
ing a signal indicative of a synthesis window function (370)
to be used with the audio subband values or indicative of the
analysis window function (190) used for generating the
audio subband values.

An apparatus for generating time-domain audio samples
according to an embodiments of the present invention com-
prises a calculator (310) for calculating a sequence (330) of
intermediate time-domain samples from audio subband val-
ues in audio subband channels, the sequence comprising
earlier intermediate time-domain samples and later time-
domain samples, a synthesis windower (360) for windowing
the sequence (330) of intermediate time-domain samples
using a synthesis window function (370) comprising a
sequence of window coefficients to obtain windowed inter-
mediate time-domain samples, the synthesis window func-
tion (370) comprising a first group (420) of window coef-
ficients comprising a first portion of the sequence of window
coefficients and a second group (430) of window coefficients
comprising a second portion of the sequence of window
coefficients, the first portion comprising less window coef-
ficients than the second portion, wherein an energy value of
the window coefficients in the first portion is higher than an
energy value of the window coefficients of the second
portion, wherein the first group of window coefficients is
used for windowing later intermediate time-domain samples
and the second group of window coefficients is used for
windowing earlier intermediate time-domain samples, and
an overlap-adder output stage (400) for processing the
windowed intermediate time-domain samples to obtain the
time-domain samples.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that an energy
value of the window coefficients of the first portion of
window coefficients is larger than or equal to %5 of an energy
value of all window coefficients of the synthesis window
function (370) and an energy value of the second portion of
window coefficients is smaller than, or equal to '3 of the
energy value of all window coefficients of the synthesis
window function.
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In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the first
portion of window coefficients comprises ¥4 or less than 4
of the total number of all window coefficients of the
sequence of window coefficients and the second portion of
window coefficients comprises %3 or more than %5 of the total
number of window coefficients of the sequence of window
coeflicients.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that a center point
of the window coefficients of the synthesis window function
(370) corresponds to a real value in an index range of the
first portion of window coefficients.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the synthesis
window function comprises a strictly monotonic increase
from the window coefficient of the sequence of window
coeflicients used for windowing the latest intermediate time-
domain sample to the window coefficient comprising the
highest absolute value of all window coefficients of the
synthesis window function.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the synthesis
window function (370) comprises an oscillating behavior.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
window coefficient corresponding to an index n=N com-
prises an absolute value in the range between 0.9 and 1.1,
wherein the index n of the sequence of window coefficients
is an integer in the range of 0 to T-N-1, wherein the window
coeflicient used for windowing the latest intermediate time-
domain sample is the window coefficient corresponding to
the index n=0, wherein T is an integer larger than 4 indi-
cating the number of blocks comprises in the frame (330) of
intermediate time-domain samples, wherein the apparatus
(300) is adapted to generating a block (410) of time-domain
audio samples, the block (410) of time-domain audio
samples comprising N time-domain audio samples, wherein
N is a positive integer.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the window
coeflicient corresponding to the index n=0 comprises an
absolute value smaller than or equal to 0.02.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the window
coeflicient corresponding to an index n=3N is smaller than
-0.1, wherein the apparatus (300) is adapted to generating a
block (410) of time-domain audio samples, the block (410)
of time-domain audio samples comprising N time-domain
audio samples, wherein N is a positive integer.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis window (360) is adapted such that the windowing
comprises multiplying the intermediate time-domain
samples g(n) of the sequence of intermediate time-domain
samples to obtain the windowed samples z(n) of the win-
dowed frame (380) based on the equation

z(n)=g(n)-¢(T-N-1-n)
for n=0, . . ., T-N-1.
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In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the window
coeflicient c(n) fulfill the relations given in the table in
Annex 4.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
apparatus (300) is adapted to using the synthesis window
function (370) being a time-reverse or index-reversed ver-
sion of an analysis window function (190) used for gener-
ating the audio subband values.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
apparatus (300) is adapted to generating a block (410) of
time-domain audio samples, the block (410) of time-domain
audio samples comprising N time-domain audio samples,
wherein N is a positive integer.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
apparatus (300) is adapted to generating the block (410) of
time-domain audio samples, based on a block (320) of audio
subband values comprising N audio subband values and
wherein the calculator (310) is adapted to calculating the
sequence (330) of intermediate time-domain audio samples
comprising T-N intermediate time-domain audio samples,
wherein T is a positive integer.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the synthesis
window function is asymmetric with respect to the sequence
window coefficient.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the first
portion comprises a maximum value of all window coeffi-
cients of the synthesis window function having an absolute
value larger than 1.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the first
portion comprises 3/2-N window coefficients and the second
portion of window coeflicients comprises (T-3/2)-N win-
dow coefficients, wherein T is an index greater or equal to
4 indicating a number of blocks 340 comprised in the frame
(330) of intermediate time-domain samples.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that windowing
the sequence of intermediate time-domain samples com-
prises an element-wise multiplying of the intermediate time-
domain samples with a window coefficient.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that each inter-
mediate time-domain sample is element-wise multiplied
with the window coefficient of the synthesis window func-
tion (370) according to the sequence of intermediate time-
domain samples and the sequence of window coefficients.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis window (360) is adapted such that the window
coeflicients of the synthesis window function (370) are
real-valued values.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
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synthesis windower (360) is adapted such that the window
coefficient c(n) fulfill the relations given in the table in
Annex 3.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the window
coefficients c(n) fulfill the relations given in the table in
Annex 2.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
synthesis windower (360) is adapted such that the window
coefficients c(n) comprise the values given in the table in
Annex 1.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted to calculating the intermediate
time-domain samples of the sequence of intermediate time-
domain samples based on multiplying the audio subband
values with a harmonic oscillating function and summing up
the multiplied audio subband values, wherein the frequency
of the harmonically oscillating function is based on a center
frequency of the corresponding subband.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted such that the harmonically oscil-
lating function is a complex exponential function, a sine-
function or a cosine-function.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted to calculating real-valued inter-
mediate time-domain samples based on the complex-valued
or real-valued audio subband values.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted to calculating the sequence of
real-valued intermediate time-domain samples z(i,n) based
on the equation

1 N-1

A SIS

k=0

for an integer n in the range of 0 to N-T—1, wherein Re(x)
is the real part of the complex-valued number x, m=
3.14 . .. is the circular number and f,, (x) is a harmonically
oscillating function, wherein

fosc(X)=exp(i-x),

when the audio subband values provided to the calculator
are complex values, wherein I is the imaginary unit, and
wherein

£oue(x)=cos(x)

when the audio subband values provided to the calculator
(310) are real values.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) comprises a frequency/time converter
adapted to generating the sequence of intermediate time-
domain samples, such that the audio subband values pro-
vided to the calculator (310) represent a spectral represen-
tation of the sequence of intermediate time-domain samples.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
frequency/time converter is adapted to generating the
sequence of intermediate time/domain samples based on
complex-valued or real-valued audio subband values.
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In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted to calculating the sequence of
intermediate time-domain samples g(n) from the audio sub-
band values X(k) based on the equation

v{n)=v,,.,(n—2N)

prev

for an integer n in the range of 20N—1 and 2N,

® ER(X(/«) ootk 3)-er-v-1))
v(n) = ¢f - —expli— —|-Cn-v-
Z 6P T2

for the integer n in the range of 0 and 2N—1 and
g(2N-j+k)=v(@Nj+k)

82N+ N+k)=v(ANj+3N+k)

for an integer j in the range of 0 and 4 and for an integer k
in the range of 0 and N—1, wherein N is an integer indicating
the number of audio subband values and the number of the
time-domain audio samples, wherein v is a real-valued
vector, wherein v, is a real-valued vector v of the directly
previous generation of time-domain audio samples, wherein
i is the imaginary unit and & is the circular number.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
calculator (310) is adapted to calculating the sequence of
intermediate time-domain samples g(n) from the audio sub-
band values X(k) based on the equation

v{n)=v,,.,(n—2N)

prev

for an integer n in the range of 20N—1 and 2N,

=3 xi (5{k+5) r-v-1)
v(n) = - —cos| — =|-Qn-W-
PR U1 G

for the integer n in the range of 0 and 2N—1 and
g(2N-j+k)=v(@Nj+k)

82N+ N+k)=v(ANj+3N+k)

for an integer j in the range of 0 and 4 and for an integer k
in the range of 0 and N—1, wherein N is an integer indicating
the number of audio subband values and the number of the
time-domain audio samples, wherein v is a real-valued
vector, wherein v, is a real-valued vector v of the directly
previous generation of time-domain audio samples and
wherein T is the circular number.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
overlap-add output stage (400) is adapted to processing the
windowed intermediate time-domain samples in an overlap-
ping manner, based on T consecutively provided blocks
(320) of audio subband values.

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
overlap-add output stage (400) is adapted to providing the
time-domain samples out(n), wherein n is an integer indi-
cating a sample index based on the equation

-1

out; (1) = ZZ(I—k),n+k-N
=0
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wherein z,, is a windowed intermediate time-domain
sample corresponding to a sample index n and a frame or
sequence index 1 in the range from O to T—1, wherein 1=0
corresponds to the latest frame or sequence and smaller
values of 1 to previously generated frames or sequences.
In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
overlap-add output stage (400) is adapted to providing the
time-domain samples out(k) based on the equation

9
out(k) = Zw(N-n i),
k=0

wherein w is a vector comprising the windowed intermedi-
ate time-domain samples and k is an integer indicating an
index in the range between 0 and (N-1).

In an apparatus for generating time-domain audio samples
according to an embodiments of the present invention, the
apparatus (300) is adapted to receiving a signal indicative of
the analysis window function (190) used for generating the
audio subband values, or indicative of the synthesis window
function (370) to be used for generating the time-domain
audio samples.

According to an embodiments of the present invention, an
encoder (510) comprises an apparatus (560) for generating
audio subband values in audio subband channels according
to according to an embodiment of the present invention.

According to an embodiments of the present invention, an
encoder (510) further comprises a quantizer and coder (570)
coupled to the apparatus (560) for generating audio subband
values and adapted to quantizing and coding the audio
subband values output by the apparatus (560) and outputting
the quantized coded audio subband values.

According to an embodiments of the present invention, a
decoder (580) comprises an apparatus (600) for generating
time-domain audio samples according to an embodiment of
the present invention.

According to an embodiments of the present invention, a
decoder (580) further comprises a decoder and dequantizer
(590) adapted to receiving coded and quantized audio sub-
band values, coupled to the apparatus (600) for generating
time-domain audio samples and adapted to providing the
decoded and dequantized audio subband values as the audio
subband values to the apparatus (600).

According to an embodiments of the present invention, a
SBR encoder (520) comprises an apparatus (530) for gen-
erating audio subband values in audio subband channels,
based on a frame of time-domain audio input samples
provided to the SBR encoder (520) and a SBR parameter
extraction module (540) coupled to the apparatus (530) for
generating audio subband values and adapted to extracting
and outputting SBR parameters based on the audio subband
values.

According to an embodiments of the present invention, a
system (610) comprises an apparatus (620) for generating
audio subband values from a frame of time-domain audio
input samples provided to the system (610); and an appa-
ratus (640) for generating time-domain audio samples based
on the audio subband values generated by the apparatus
(640) for generating audio subband values.

According to an embodiments of the present invention, a
system (610) is a SBR decoder.

According to an embodiments of the present invention, a
system further comprises a HF-generator (630) intercon-
nected between the apparatus (620) for generating audio
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subband values and the apparatus (640) for generating
time-domain audio samples and adapted to receiving SBR
data adapted to modifying or adding audio subband values
based on the SBR data and the audio subband values from
the apparatus (620) for generating audio subband values.

With respect to all apparatuses and methods according to
embodiments of the present invention, depending on imple-
mentational details, to obtain the window coefficients based
on the values given in the tables in the Annexes 1 and 3, an
additional sign changes with respect to the window coeffi-
cients corresponding to the indices 128 to 255 and 384 to
511 (multiplication with factor (1)) can be implemented. In
other words, the window coefficients of the window function
are based on the window coefficients given in table in Annex
1. To obtain the window coefficients of the window function
shown in the figures, the window coefficients in the table
corresponding to the indices 0 to 127, 256 to 383 and 512 to
639 have to be multiplied by (+1) (i.e. no sign change) and
the window coefficients corresponding to the indices 128 to
255 and 384 to 511 have to be multiplied by (-1) (i.e. a sign
change) to obtain the window coefficients of the window
function shown. Accordingly the relations given in the table
in Annex 3 have to be treated accordingly.

It should be noted. that in the framework of the present
application under an equation being based on an equation an
introduction of additional delays, factors, additional coeffi-
cients and an introduction of another simple function is
understood. Further, simple constants, constant addends etc.,
can be dropped. Moreover, algebraic transformations,
equivalence transformations and approximations (e.g. a Tay-
lor approximation) not changing the result of the equation at
all or in a significant manner are also included. In other
words, both slight modifications as well as transformations
leading to essentially in terms of the result identical are
included in the case that an equation or expression is based
on an equation or expression.

While this invention has been described in terms of
several embodiments, there are alterations, permutations,
and equivalents which fall within the scope of this invention.
It should also be noted that there are many alternative ways
of implementing the methods and compositions of the
present invention. It is therefore intended that the following
appended claims be interpreted as including all such altera-
tions, permutations and equivalents as fall within the true
spirit and scope of the present invention.

Annex 1

w[0] = 1.129580193872797e—002
w[l] = 2.353059744904218e—002
w[2] = 3.450718748721251e—002
w[3] = 4.634695977000525e—002
w[4] = 5.918677345174197e—002
w[5] = 7.325978412117062e—-002
w[6] = 8.829745229234007e—002
w[7] = 1.042033024802571e—001
w[8] = 1.206924277410051e—001
w[9] = 1.376149808913910e—001
w[10] = 1.547461142258783e—001
w[11] = 1.71972638456608%e—001
w[12] = 1.891590407342011e—001
w[13] = 2.062605107774960e—001
w[14] = 2.232276864673650e—001
w[15] = 2.400768261284114e—001
w[16] = 2.568176309566753e—001
w[17] = 2.734977190313227e—-001
w[18] =2.901491317310591e—-001
w[19] = 3.068186515423912e—-001
w[20] = 3.235298682841570e—001
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=9.515674613550604e-001 w[174] = 8.347150698567406e-002

61 62
-continued -continued

Annex 1 Annex 1
= 3.403074146062977e~001 w[98] = 9.417975696327747e-001
= 3.571527896130669¢~001 5 w[99] = 9.315442093447622e-001
= 3.740643974275026e-001 w[100] = 9.208194746232827¢—-001
= 3.910243970160607e~001 w[101] = 9.096310803629866e—001
= 4.080154903861317e-001 w[102] = 8.979959173503500e—-001
= 4.250144186334534e-001 w[103] = 8.859232320517536e—-001
= 4.420013942269341e-001 w[104] = 8.734366852542127e—-001
= 4,589582896478246e-001 10 w[105] = 8.605542791988831e—001
= 4.758753745532750e-001 w[106] = 8.472987145504696e—-001
= 4.927463828072591e-001 w[107] = 8.3368634679612556-001
= 5.095720854151864e-001 w[108] = 8.197387292306723e—001
= 5.263554446856779¢~001 w[109] = 8.054701312929008¢—001
= 5.430990601899994¢-001 w[110] = 7.908995350037713e-001
= 5.598052330684253e-001 15 w[111] = 7.760385598209244e-001
= 5.764734796907189¢-001 w[112] = 7.609051036128973e-001
= 5.930981800982896e-001 w[113] = 7.455111681431031e-001
= 6.096690552916387e-001 w[114] = 7.298745530879272e-001
= 6.261725236758639¢-001 w[115] = 7.140087729493950e-001
= 6.425939632009995¢-001 w[116] = 6.979336851549095¢-001
= 6.589148753746076e-001 20 w[117] = 6.816667882498023e-001
= 6.751199626157149e—-001 w[118] = 6.652304141388827e-001
= 6.911981575264606e—-001 w[119] = 6.486437667370537e-001
= 7.071447728928043¢-001 w[120] = 6.319284031798550e—-001
= 7.229599104052475¢-001 w[121] = 6.151031151692835e-001
= 7:386515025302785e-001 w[122] = 5.981877665956570e—001
= 7.542294504292890e~001 w[123] = 5.811992722116214e-001
= 7.697093346240386e-001 25 w[124] = 5.641522833259215¢-001
= 7.851012620144958¢-001 w[125] = 5.470652177576862e—-001
= 8.004165237845137e-001 w[126] = 5.299509559653194e—-001
= 8.156523162880560e~001 w[127] = 5.128557121424191e-001
= 8.308039608112368e—-001 w[128] = —4.9561754214144536-001
= 8.458450064727010e~001 w[129] = —4.7826503466108966—-001
= 8.607492455327098e-001 30 w[130] = —4.609828932783459¢—-001
= 8.754640719350776e-001 w[131] = —4.437530233023859¢-001
= 8.899474405744183e-001 w[132] = —4.265950246465440e—-001
=9.041286138017367e~001 w[133] = —4.095160467543179¢—-001
=9.179666107725365¢-001 w[134] = —3.925409172155113e-001
= 9.313874086278087e~001 w[135] = —3.756821671788237e—-001
= 9.443802853939540e-001 35 w[136] = —3.5896265178179346—001
= 9.568885413848645¢-001 w[137] = -3.423942311297658e-001
= 9.690016637782843e-001 w[138] = —3.259993851088293¢—-001
=9.807691702375303e-001 w[139] = —3.097861805973821e—001
= 9.927543720639498e-001 w[140] = —2.9377249885933936-001
= 1.001463112557766e+000 w[141] = —2.779637821990255¢-001
= 1.006893331637123e+000 40 w[142] = —2.623749159488041e—-001
= 1.012508393574432e+000 w[143] = —2.470098299603623e—-001
= 1.017729040219375e+000 w[144] = —2.3188154787583756—-001
= 1.022470190536100e+000 W[145] = —2.169925682529340e—-001
= 1.026615653698808e+000 w[146] = —2.023548005388463e—-001
= 1.030198648769593e+000 w[147] = —1.879711746686855e-001
= 1.033205850580933e+000 w[148] = —1.738542127021508¢-001
= 1.035694432087486e+000 45 w[149] = —1.600061812296078¢—001
= 1.037683165297586e+000 w[150] = —1.464389150679625¢—-001
= 1.039227995800217e+000 w[151] = —1.331544923127771e-001
= 1.040349586463588e+000 w[152] = —1.201628679722633e—001
= 1.041086497214721e+000 w[153] = —1.074630704470568¢—-001
= 1.041443375950143e+000 w[154] = -9.506966959632511e-002
= 1.041434355650865¢+000 50 w[155] = —8.298103104739203¢-002
= 1.041043184216171e+000 w[156] = —7.120356992726613e—002
= 1.040262316588456e+000 w[157] = —5.973741829536090e—-002
= 1.039061496136853e+000 w[158] = —4.859005767016811e-002
= 1.037422300157921e+000 w[159] = —3.775928110298274e-002
= 1.035311720204252¢+000 w[160] = —2.7264843001865756—-002
= 1.032712952177121e+000 55 w[161] = —1.711323992709580e-002
= 1.029600494883906e+000 w[162] = —7.298197371320593¢-003
= 1.025966756910904e+000 w[163] = 2.184256929356781e—003
= 1.021798805583990e+000 w[164] = 1.132324047372148e-002
= 1.017100128250049¢+000 w[165] = 2.012236990754980e—002
= 1.011867706519706e+000 w[166] = 2.857528272530154e—002
= 1.006109248754940e+000 60 w[167] = 3.666942822678171e—-002
= 9.998285752401580e-001 W[168] = 4.439683978044157¢-002
= 9.930379854679836e-001 w[169] = 5.177964768870787e—-002
= 9.857387823493258¢-001 w[170] = 5.881296711410786e-002
= 9.779405164766706e-001 w[171] = 6.550209046893848e—002
=9.696426101291272e-001 w[172] = 7.184073822817207¢-002
= 9.608519516143015¢-001 65 w[173] = 7.783299328224960e—002

[174]
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Annex 1

Annex 1

fsdddddddddd9¢9

£4449

fsddddddddddddddddddddddddddddddddddddgg99g¢4

s d4d4d4<4d4d449 ¢4

= 8.875756217893037e-002
= 9.368651761350569¢-002
= 9.826251129465624e-002
= 1.024804711677230e-001
= 1.063454554357498e-001
= 1.098551252869576e-001
= 1.130180022553412e-001
= 1.15835893517789%-001
= 1.183233335449968e-001
= 1.204854506722672e-001
= 1.223371395264402e-001
= 1.238868653862843e-001
= 1.251477258491527e-001
= 1.261262023246478e-001
= 1.268280540744526e-001
= 1.272498700590511e-001
= 1.273590703506806e-001
= 1.274567595465545e-001
= 1.275561350483646e-001
= 1.273648326872248e-001
= 1.269415772180714e-001
= 1.262995646340671e-001
= 1.254605188749804e-001
= 1.244269583009826e-001
=1.232131583108813e-001
= 1.218183974842866e-001
= 1.202545652840080e-001
= 1.185243106889108e-001
= 1.166399102636992e-001
= 1.146042249339280e-001
= 1.124296184976912e-001
= 1.101215600923314e-001
= 1.076972053405737e-001
= 1.051641975499523e-001
= 1.025397604985405¢-001
= 9.982957934346254e-002
= 9.705239536075722e-002
= 9.421624116597689e-002
= 9.133590931873967e-002
= 8.841813387276727e-002
= 8.547715661443602e-002
= 8.251962055343706e-002
= 7.955570759229536e-002
= 7.657649751612349¢-002
= 7.360559211914287e-002
= 7.064948295960993e-002
= 6.771675107480543e-002
= 6.480448458935215e-002
= 6.192692754258131e-002
= 5.911363249658311e-002
= 5.637219228757212e-002
= 5.368313072045600e-002
= 5.105620793438655e-002

= 4.849284995895640e-002

= 4.599068181839981e-002

= 4.355568588898841e-002

= 4.125570251909672e-002
= 3.907137550527191e-002
= 3.696342556744636e-002
= 3.493300140502248e-002
= 3.298151059524886e-002
= 3.110861245410919e-002
= 2.931525594774175e-002
= 2.760090729801069¢-002
= 2.597956638848436e-002
= 2.443433592149451e-002
= 2.296470793543091e-002
= 2.156304510969632e-002
= 2.023524610221679e-002
= 1.897505817503749¢-002
= 1.778248750467421e-002
= 1.665187994388476e-002
= 1.557759513377242e-002
= 1.456208586604537e-002
= 1.361072086117313e-002
= 1.270747042064656e-002
= 1.186210743261470e-002

10

15

20

25

30

35

40

45

50

55

60

65

= 1.106958962776399¢-002
= 1.033126278863177e-002
= 9.640298325700842¢-003
= 8.996371481700806e-003
= —8.407748878436545e-003
= -7.876393114319395e-003
= —7.380543918629573e-003
= -6.925141135202262e-003
= —6.500502521462604e-003
= —6.109178606718115e-003
= -5.741103163221257e-003
= —5.394569608919965e-003
= —5.063851046064050e-003
= —4.754191853611012e-003
= —4.448993249380505e-003
= —4.133639756278191e-003
= -3.811612348723333e-003
= —3.505531318950422¢-003
= —3.209092846617964e-003
= -2.927159436740159¢-003
= —2.653818578698405e-003
= -2.396404013961463e-003
= -2.152379960589273e-003
= —1.924844672908215e-003
= -1.699160580023900e-003
= —1.480542563288228e-003
= —1.283280633901446e-003
= -1.131859661378862e-003
= -9.730460256556873e-004
= -7.677634115875747e-004
= —5.599347984905645e-004
= -3.337966579125254e-004
= -9.099722643476421e-005
= 1.498231621816041e-004
= 4.366447012116811e-004
= 6.307841647560053e-004
= 6.150316826138937e-004
= 8.990255827053560e-004
= 1.232134364570107e-003
= 1.471167206249042¢-003
= 1.697652664777771e-003
= 1.985825255428654e-003
= 2.172866052963961e-003
= 1.812176023993582e-003
= 1.344657262814793e-003
= 9.373975348172919e-004
= 5.621720998949145e-004
= 2,048498552413189¢-004
= —2.004822830002534e-004
= —6.169854804735951e-004
= -1.061498982103114e-003
= —1.594860949611097e-003
= —2.124647831574725e-003
= -2.621537051750861e-003
= -3.064311083207632e-003
= -3.460362845825662e-003
= —3.794425324215804e-003
= —4.091032597247918e-003
= —4.369553676668050e-003
= —4.554811297024067e-003
= —4.663276675479689¢-003
= —4.722567636185647¢-003
= —4.704321497976561e-003
= —4.636227793039124e-003
= —4.517190210387324e-003
= —4.351667566540186e-003
= —4.135130493071822¢-003
= —3.870851645947402e-003
= —3.597475533950260e-003
= —3.318857985461042¢-003
= —3.000422543655664e-003
= —2.658042081080524e-003
= —-2.292813563887493e-003
= -1.914114740669928e-003
= —1.525818616748839e-003
= -1.156680209049319e-003
= —7.804546272743493e-004
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Annex 1 Annex 1
w[329] = -4.268574601396473e-004 w[406] = —1.039263591111469¢—-004
w[330] = -1.324291707264515e-004 5 w[407] = 5.1449693770448756—-005
w[331] = 1.218226450050751e-004 w[408] = 9.711681816385056e-005
w[332] = 3.189336138130849e-004 w[409] = 2.472023910553232e-005
w[333] = 4.749931197951235e-004 w[410] = 5.3970644240903026—005
w[334] = 5.970696819774243e-004 w[411] = 6.487880719449901e-005
w[335] = 6.673250213055329¢-004 w[412] = —5.1924441406999476—005
w[336] = 6.887783835812338¢-004 10 w[413] = —9.204876089551197e-005
w[337] = 6.766320515830324e-004 w[414] = —1.815837353167847e-004
w[338] = 6.944123176012471e-004 w[415] = -3.595054179561440e-004
w[339] = 7.139919634325070e-004 w[416] = —5.901617707607606e—-007
w[340] = 7.154123487609100e-004 w[417] = 1.831121301698088e¢-004
w[341] = 7.376101027486600e-004 w[418] = 9.755685190624611e-005
w[342] = 6.976561203768226e-004 15 w[419] = 6.6064617629894236—-005
Ww[343] = 5.721223454434728e-004 w[420] = 3.799971890923797¢—005
w[344] = 2.934875643581191e-004 w[421] = 4.150075391929448¢-005
w[345] = 1.092526149391273e-004 w[422] = 5.0219054765062646—-005
W[346] = 6.415402443848103e-004 w[423] = 5.8618001374347136-005
w[347] = 1.194730618383423e-003 w[424] = 2.126364641291926e—-005
w[348] = 1.557112059887280e—-003 20 w[425] = 1.181077582797280e—-004
w[349] = 1.891971801393744e-003 w[426] = 9.9907577899443746—005
Ww[350] = 2.225524159129023e-003 w[427] = 1.035782617124906e—-004
w[351] = 2.530906981099261e-003 w[428] = 8.8701818453100376-005
w[352] = 2.719749515067397e-003 w[429] = 5.5339533732498226-005
w[353] = 2.729136737522100e-003 w[430] = 1.5801889944552546—-005
w[354] = 2.703019498899013e-003 w[431] = 1.277184430250593¢—-006
w[355] = 2.630471852319136e-003 25 w[432] = 5.009913312943629¢—-006
W[356] = 2.470456304276468¢-003 w[433] = 1.499170392246774e—005
W[357] = 2.239142906871446e-003 w[434] = 2:241545750231630e—-005
w[358] = 2.033465291493264e-003 w[435] = 3.628511258723260e-005
w[359] = 1.948069005335563e-003 w[436] = 2.406516798531014e—005
w[360] = 1.725029670030533e-003 w[437] = 2.515118233957011e-005
w[361] = 1.417366709895927e-003 30 w[438] = 3.759629789955498¢—005
w[362] = 1.127141815310061e-003 w[439] = 5.408154543124121e-005
w[363] = 8.089811988213151e-004 w[440] = 4.493916063285122e-005
w[364] = 4.708009521678285e-004 w[441] = 2.806963579578946e—-005
w[365] = 7.882620739833088¢-005 w[442] = 2.364518513682831e—005
W[366] = —2.99873999399595 6e-004 w[443] = 1.260639764582286e—-005
W[367] = —4.733148292475610e-004 35 w[444] = —2.599467772603631e—-008
w[368] = —5.791145447913150e-004 w[445] = —1.7741083924960176-005
W[369] = —6.754935404082003e-004 w[446] = —5.889276659458115¢-006
w[370] = -8.029620210721900e-004 w[447] = —4.663777919108619¢—005
Ww[371] = -9.726698841994444¢-004 w[448] = —2.078886359425321e-004
w[372] = -1.196637962311630e-003 w[449] = —2.131405580107761e-004
w[373] = -1.292865844760059¢-003 40 w[450] = —1.784192600231068e-004
w[374] = -1.146268465739874e-003 w[451] = —1.744841754193053e-004
w[375] = -1.040598055074471e-003 w[452] = —1.728672507238372e-004
Ww[376] = -9.767709065548874e-004 w[453] = —1.885286127508226e-004
w[377] = w[454] = —2.078299015661617e-004
w[378] = —9.862027119530482¢-004 w[455] = —2.123671573189573e-004
w[379] = -1.047654674829846e-003 w[456] = —2.415166002501312e-004
w[380] = —1.099000599887377e-003 45 w[457] = —2.217025456251449e-004
w[381] = -1.151795860160292e-003 w[458] = —9.907630821710970e—005
w[382] = —1.194743370333155e-003 w[459] = —8.0392314817688456-005
w[383] = —1.250742797799558¢-003 w[460] = —7.9345094177224006—005
w[384] = 1.287819050086379¢-003 w[461] = —5.874199358780108¢—005
w[385] = 1.263569296641556e-003 w[462] = —5.4498160723294126-005
w[386] = 1.2261131113940856-003 50 w[463] = —4.4894910344081476-005
w[387] = 1.177515087338257e-003 w[464] = —3.4982859823599816-005
w[388] = 1.122503050159859¢-003 w[465] = —1.748284921486958¢—005
w[389] = 1.089428846944533e-003 w[466] = —9.0754307728325756—-006
w[390] = 1.054963366189962e-003 w[467] = —1.052707430241351e-005
w[391] = 9.019128558297515e-004 w[468] = —6.538878366985722e—-006
w[392] = 7.847839620863715¢-004 55 w[469] = 2.206341308073472e—005
w[393] = 6.205675927856794e-004 w[470] = 1.769261935287328e-004
w[394] = 3.157663628445906e-004 w[471] = 6.4186585613850586—005
Ww[395] = 2.556449844935384e-004 w[472] ——8.882305312548962¢—-005
w[396] = 2.520606580606257e-004 w[473] = —1.721347222211949¢-005
W[397] = 2.34698094947465 5e-004 w[474] = —6.0933727163855836—005
w[398] = 2.060394037017961e-004 60 Ww[475] = —7.6799553303735156-005
w[399] = 1.635905995590986e-004 w[476] = 7.1941510870150076—-005
w[400] = 1.176237128375623e-004 w[477] = 7.245095937243279¢-005
w[401] = 6.193369904730005¢-005 w[478] = 7.870354371072524e-005
w[402] = 3.568554800150508¢-005 w[479] = 5.822201682995846e—-004
w[403] = 2.443161189273522¢-005 w[480] = 2.666444630171025¢-004
w[404] = 1.334090914042349¢-005 65 w[481] = 7.872592352725688¢—005
w[405] = 2.853437194757816e-006 w[482] = 7.0958868931855266—005
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w[483] = 5.643103068471008e-005
w[484] = 6.904415362098980e-005
w[485] = 4.694251739991356e-005
w[486] = 3.367998338617662e-005
w[487] = 6.481921021601837e-005

w[488] = 6.582328030188790e-005
w[489] = —4.256442530773449¢-005
w[490] = 4.939392400898679%e-005
w[491] = 5.272982009116034e-005

w[492] = 4.005269212731273e-005
w[493] = 2.461876679726978e-005
w[494] = 4.469729032194765e-006
w[495] = 3.798519731621893e-007

w[559

—-2.986488593070417e-009

1
]
1=
]
1
]
1=
] =
1
1=
]
1=
1
W[496] = 1.374896222030490e~006
w[497] = 3.965363805500215e-006
w[498] = 7.300588863934780e—006
W[499] = 1.168894474770061e-005
w[500] = 8.563819899447630e—006
w[501] = 8.975977837330335e-006
w[502] = 2.800455533708622e-005
w[503] = 2.015445311139832¢-005
w[504] = 1.125134651175812e—005
w[505] = 5.869707265615299e~006
w[506] = 1.013259758329981e-005
w[507] = 1.088325131492173e-005
w[508] = 7.167101260771279—006
w[509] = 4.840577540089826e—006
w[510] = —1.469933448634890e-005
w[511] = —8.010079089953001e-006
w[512] = —3.299004046633323e-005
w[513] =
w[514] = —3.177468256997963e-005
W[515] = —2.976824036182567e-005
W[516] = —2.464228015326852e-005
w[517] = —1.606050838620834e-005
W[518] = —6.261944255489322e-006
Ww[519] = 4.591009581217994e—007
w[520] = 1.395220723090848e-005
w[521] = 1.622786214398703e-005
w[522] = —2.043464113212971e-006
w[523] = —1.653463907257247e-006
w[524] = —1.551250801467300e-008
w[525] = —1.907927361317977e-006
W[526] = —9.607068622268791e-007
W[527] = —4.636105364510011e-007
W[528] = —2.765649762593200e-007
W[529] = —1.922074581855119e-006
w[530] = —9.897194091136331e-007
w[531] = —7.873304717454037e-008
w[532] = 2.945239208477290e~008
w[533] = —2.757610624807679e-006
W[534] = —1.402925247695813e-005
w[535] = —9.388962780643742e-006
w[536] = 2.068297421740023e-005
w[537] = 1.496435902895210e~007
W[538] = 6.757014945674924e—009
w[539] = —2.778618354859861e-007
w[540] = —1.569003268449803e-006
w[541] = —1.089500601234349e-006
w[542] = —9.870547653835426e-007
w[543] = 3.867483283567218e-005
w[544] = —1.232693496472088¢-005
w[545] = 9.464782951082177e~007
W[546] = 8.254429452004225¢-007
W[547] = 4.883304950437536e—007
W[548] = —2.066961713890010e-007
w[549] = 5.158212471036245¢-009
W[550] = 2.267731106642486e—007
W[551] = —4.880844550713951e-008
w[552] = 3.361682183852576e—006
W[553] = 4.677015459111491e-006
w[554] = 2.820292122791583e~008
W[555] = 5.143614846654519e—007
W[556] = 3.818588614859347e—009
w[557] = 1.737276553950212e~007
w[558] = 1.876022048145804e—007
[559] =

10

15

20

25

30

35

40

45

50

55

60

65

560

566
567
568

572
573
574
575
576
577
578
579
580
581

£4449

£4449

586
587
588
589
590
591
592

£4449

£4449

595

[560] =
[561] =
[562] =
[563] =
[564] =
[565] =
[566]
[567]
[568]
[569] =
[570]
[5371]
[572]
[573] =
[574]
[375] =
[576]
[5377]
[578]
[579]
[580]
[581]
[582]
[583] =
[584] =
[585] =
[586]
[587]
[588]
[589]
[590]
[591]
[592]
[593]
[594] =
[595]
[596] =
[597]
[598] =
[599]
[600] =
[601] =
[602] =
[603] =
[604] =
[605]
[606]
[607]
[608]
[609]
[610] =
[611]
[612]
[613]
[614]
[615] =
[616]
[617] =
[618]
[619]
[620]
[621]
[622]
[623] =
[624] =
[625] =
[626] =
[627] =
[628] =
[629] =
[630]
[631]
[632]
[633] =
[634] =
[635]
[636]

604

607
608
609
610

612

614

618
619
620
621
622
623
624
625
626
627
628
629
630
631
632
633
634
6
w[6

s d4d4d4<d449¢4

35
36

~1.409927495646386e-008
-6.977078748707401e-008
~1.280675520205100e-008
~2.222072007942510e-009
~1.775191290895584e-009
~1.686136654621906e-009
= 5.818594642226675e-006
= 2.150883991167946e-006
= 2.714879009950152e-007
~2.567964804401197e-008
= 2.041128570435378e-006
= 3.262753594084781e-006
= 3.567581483749161e-006
4.083718802566134e-006
= 5.364807253588177e-006
4.178050149840223e-006
= 5.180086332701670e-006
= 3.357218747491756e-006
= 6.310207878018869e-006
= 5.924001540927652e-006
= 5.161606640348293e-006
= 3.377814811745950e-006
= 1.323267689777069e-006
~1.074716688428712e-007
~3.561585382456484e-006
—4.518603099564185e-006
= 7.301956971603966e-007
= 5.801904775161025e-007
= 2.801882088134371e-008
= 6.322770332405526e-007
= 2.542598385847351e-007
= 1.272704908592385e-007
= 8.226599990523664e-008
= 5.433718768789140e-007
4.211177232106135e-007
= 3.552991527555180e-008
~1.398913109540774e-008
= 1.356727552196146e-006
~1.706941020342299¢-005
= 1.013575160981381e-005
~2.285562946018590e-005
~8.908041185396514e-008
-9.597515277415496e-009
~3.225913527455964e-007
1.070242712585309e-006
= 6.293002327021578e-007
= 3.575650976036433e-007
= 2.722295965060517¢-005
= 8.676348186676888e-006
= 3.428660858940255e-007
4.767793949944890e-007
= 3.330981930777764e-007
= 2.399696144635756e-007
= 7.326611439066549e-009
= 1.349943693297681e-007
-5.393555749348494e-008
= 3.620067065524143e-006
-5.690530948134642¢-006
= 1.387566465624550e-008
= 2.40085172403935e-007
= 1.723217058490933e-009
= 7.391973323448250e-008
= 5.303527922331415e-008
~8.883400047404846¢-010
~3.870536804891648e-009
~1.846547564287500e-008
—4.244090917065736e-009
—4.013524925634108e-009
~6.325664562585882e-010
-6.025110605409611e-010
= 1.620171502086309e-006
= 5.490569954646963e-007
= 6.355303179925355e-008
~5.426597100684762e-009
4.292861814894369¢-007
= 6.834209542421138e-007
= 7.099633014995863e-007



US RE50,194 E

-continued -continued
Annex 1 Annex 2
W[637] = 8.109951846981774e~007 5 w[68]] = 1.022470190536100e+000
w[638] = 4.118359768898598¢-007 %gg}} e
= e+

w[639] = 6.571760029213382e-007 w[71]l = 1.0332058505809336+000
w[72] = 1.035694432087486e+000

w[73]l = 1.037683165297586e+000

w[74] = 1.039227995800217e+000

10 w[75] = 1.040349586463588e+000

Annex 2 w[76] = 1.041086497214721e+000

TSR —— w[77] = 1.041443375950143e+000
w e- w[78]l = 1.041434355650865e+000
Iw[1]] = 2.353059744904218e-002 w[79]l = 1.041043184216171e+000
Iw[2]| = 3.450718748721251e-002 w[80]l = 1.040262316588456e+000
Iw[3]] = 4.634695977000525e-002 15 w[81]l = 1.039061496136853e+000
Iw[4]| = 5.918677345174197e-002 w[82] = 1.037422300157921e+000
Iw[5]l = 7.325978412117062e-002 w[83]l = 1.035311720204252¢+000
Iw[6]] = 8.829745229234007e-002 w[84] = 1.032712952177121e+000
lw%g} } %égzigiﬁ%gge 88} w[85] = 1.029600494883906e+000
w e w[86] = 1.023966756910904e+000
WIID] - 8474611422587 850-001 20 ESI o1 710012825004904000

=1 — = e+
Iw[11]l = 1.719726384566089e-001 w[89] = 1.011867706519706e+000
Iw[12]] = 1.891590407342011e-001 Ww[90]l = 1.006109248754940e+000
Iw[13]] = 2.062605107774960e-001 w[91] = 9.998285752401580e~001
Iw[14]] = 2.232276864673650e-001 w[92]l = 9.9303798354679836e-001
IW[15]] = 2.400768261284114e-001 w[93] = 9.857387823493258e—-001
Iw[16]] = 2.568176309566753e-001 25 w[94]l = 9.779405164766706e-001
Iw[17]] = 2.734977190313227e-001 w[95]l = 9.696426101291272e—~001
Iw[18]] = 2.901491317310591e-001 w[96]l = 9.608519516143015e-001
Iw[19]] = 3.068186515423912e-001 w[97]l = 9.515674613550604e—-001
Iw[20]] = 3.235298682841570e-001 w[98]l = 9.417975696327747e~001
Iw[21]] = 3.403074146062977e-001 Ww[99]| = 9.315442093447622e-001
Iw[22]] = 3.571527896130669e—001 30 w[100]| = 9.208194746232827e~001
IwW[23]1 = 3.740643974275026e-001 w[101] = 9.096310803629866e-001
Iw[24]] = 3.910243970160607e-001 \w[102]\ = 8.979959173503500e-001
Iw[25]1 = 4.080154903861317e-001 Iw[103]| = 8.839232320517536e-001
Iw[26]1 = 4.250144186334534¢-001 Iw[104]| = 8.734366852542127e~001
IW[27]1 = 4.420013942269341e-001 \w[105]\ 8.605542791988831e-001
Iw[28]] = 4.589582896478246e-001 35 w[106]| = 8.472987145504696e-001
IW[29]1 = 4.758753745532750e-001 \w[107]\ 8.336863467961255e-001
Iw[30]] = 4.927463828072591e-001 Iw[108]| = 8.197387292306723e-001
Iw[31]] = 5.095720854151864e-001 Iw[109]| = 8.054701312929008e—-001
Iw[32]] = 5.263554446856779e-001 Iw[110]| = 7.908995350037713e-001
Iw[33]] = 5.430990601899994e-001 Iw[111]] = 7.760385598209244e-001
Iw[34]] = 5.598052330684253e-001 40 Iw[112]| = 7.609051036128973e-001
IwW[35]1 = 5.764734796907189e-001 Iw[113]| = 7.455111681431031e-001
Iw[36]] = 5.930981800982896e-001 Iw[114]| = 7.298745530879272e-001
IwW[37]] = 6.096690552916387e-001 Iw[115]| = 7.140087729493950e-001
Iw[38]] = 6.261725236758639e-001 Iw[116] = 6.979336831549095e-001
IwW[39]1 = 6.425939632009995e-001 Iw[117]| = 6.816667882498023e-001
Iw[40]| = 6.589148753746076e-001 Iw[118]| = 6.652304141388827e-001
Iw[41]] = 6.751199626157149¢-001 45 Iw[119]] = 6.486437667370537e~001
Iw[42]] = 6.911981575264606e-001 Iw[120]| = 6.319284031798550e-001
Iw[43]] = 7.071447728928043e-001 Iw[121] = 6.151031151692835e-001
Iw[44]| = 7.229599104052475e-001 Iw[122]| = 5.981877665956570e-001
Iw[45]1 = 7.386515025302785¢-001 Iw[123]] = 5.811992722116214e-001
IW[46]] = 7.542294504292890e-001 Iw[124] = 5.641522833259215e-001
IwW[47]] = 7.697093346240386e-001 50 Iw[125] = 5.470652177576862e-001
Iw[48]| = 7.851012620144958e-001 Iw[126] = 5.299509559653194e-001
Iw[49]1 = 8.004165237845137¢-001 Iw[127] = 5.128557121424191e-001
IwW[50]| = 8.156523162880560e-001 Iw[128]| = 4.956175421414453e-001
Iw[51]] = 8.308039608112368e-001 Iw[129]| = 4.782630346610896e-001
Iw[52]| = 8.458450064727010e-001 Iw[130]| = 4.609828932783459-001
Iw[53]] = 8.607492455327098e-001 55 Iw[131]] = 4.437530233023859¢-001
Iw[54]1 = 8.754640719350776e-001 Iw[132]] = 4.265950246465440e-001
Iw[55]1 = 8.899474405744183¢-001 Iw[133]] = 4.095160467543179-001
:WE%: = g-?‘;gégg}gg%gg;e‘ggi Iw[134]] = 3.925409172155113¢-001
W =3 c—

38| = 0,31 387408627808 70001 Iw[135] = 3.756821671788237e~001
w[59] | = 9.4438028539305400-001 Iw[136]| = 3.589626517817934e-001
W[60]| = 9.568885413848645e-001 60 Iw[137] = 3.423942311297658e-001
w[61]| = 9.690016637782843-001 Iw[138]] = 3.259993851088293e~001
w[62]] = 9.807691702375303~001 Iw[139]! = 3.097861805973821e~001
[W[63]] = 9.927543720639498e—001 Iw[140]| = 2.937724988593393e-001
Iw[64]1 = 1.001463112557766e+000 Iw[141]1 = 2.779637821990255¢-001
Iw[65]1 = 1.006893331637123e+000 Iw[142]] = 2.623749159488041e-001
Iw[66]1 = 1.012508393574432e+000 65 \w[143]\ = 2.470098299603623e-001
IwW[67]1 = 1.017729040219375e+000 w[144] = 2.318815478758375e-001
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208
209
210

220

]
]

= 2.169925682529340e-001
= 2.023548005388463e-001
= 1.879711746686855e-001
= 1.738542127021508e-001
= 1.600061812296078e-001
= 1.464389150679625e-001
= 1.331544923127771e-001
=1.201628679722633e-001
= 1.074630704470568e-001
=9.506966959632511e-002
= 8.298103104739203e-002
=7.120356992726613e-002
= 5.973741829536090e-002
=4.859005767016811e-002
= 3.775928110298274e-002
= 2.726484300186575e-002
= 1.711323992709580e-002
=7.298197371320593e-003
= 2.184256929356781e-003
= 1.132324047372148e-002
= 2.012236990754980e-002
= 2.857528272530154e-002
= 3.666942822678171e-002
=4.439683978044157e-002
= 5.177964768870787e-002
= 5.881296711410786e-002
= 6.550209046893848e-002
= 7.184073822817207e-002
= 7.783299328224960e-002
= 8.347150698567406e-002
= 8.875756217893037e-002
=9.368651761350569e-002
=9.826251129465624e-002
= 1.024804711677230e-001
= 1.063454554357498e-001
= 1.098551252869576e-001
= 1.130180022553412e-001
= 1.158358935177899e-001
= 1.183233335449968e-001
= 1.204854506722672e-001
=1.223371395264402¢-001
= 1.238868653862843e-001
= 1.251477258491527e-001
=1.261262023246478e-001
= 1.268280540744526e-001
= 1.272498700590511e-001
= 1.273590703506806e-001
= 1.274567595465545e-001
= 1.275561350483646e-001
=1.273648326872248e-001
= 1.269415772180714e-001
= 1.262995646340671e-001
= 1.254605188749804e-001
= 1.244269583009826e-001
=1.232131583108813e-001
= 1.218183974842866e-001
= 1.202545652840080e-001
= 1.185243106889108e-001
=1.166399102636992e-001
= 1.146042249339280e-001
= 1.124296184976912e-001
=1.101215600923314e-001
= 1.076972053405737e-001
= 1.051641975499523e-001
= 1.025397604985405e-001
= 9.982957934346254e-002

= 7.064948295960993e-002
= 6.771675107480543e-002
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= 6.480448458935215e-002
= 6.192692754258131e-002
= 5.911363249658311e-002
= 5.637219228757212e-002
= 5.368313072045600e-002
= 5.105620793438655e-002
= 4.849284995895640e-002
=4.599068181839981e-002
=4.355568588898841e-002
=4.125570251909672e-002
=3.907137550527191e-002
= 3.696342556744636e-002
= 3.493300140502248e-002
= 3.298151059524886e-002
= 3.110861245410919e-002
= 2.931525594774175e-002
= 2.760090729801069¢-002
= 2.597956638848436e-002
= 2.443433592149451e-002
= 2.296470793543091e-002
= 2.156304510969632e-002
= 2.023524610221679e-002
= 1.897505817503749¢-002
= 1.778248750467421e-002
= 1.665187994388476e-002
= 1.557759513377242e-002
= 1.456208586604537e-002
=1.361072086117313e-002
= 1.270747042064656e-002
= 1.186210743261470e-002
= 1.106958962776399¢-002
=1.033126278863177e-002
= 9.640298325700842¢-003
= 8.996371481700806e-003
= 8.407748878436545¢-003
= 7.876393114319395e-003
= 7.380543918629573e-003
= 6.925141135202262e-003
= 6.500502521462604e-003
= 6.109178606718115e-003
= 5.741103163221257e-003
= 5.394569608919965e-003
= 5.063851046064050e-003
=4.754191853611012e-003
= 4.448993249380505¢-003
=4.133639756278191e-003
= 3.811612348723333e-003
= 3.505531318950422¢-003
= 3.209092846617964e-003
= 2.927159436740159¢-003
= 2.653818578698405¢-003
= 2.396404013961463e-003
= 2.152379960589273e-003
= 1.924844672908215e-003
= 1.699160580023900e-003
= 1.480542563288228e-003
= 1.283280633901446e-003
= 1.131859661378862e-003
= 9.730460256556873e-004
=7.677634115875747e-004
= 5.599347984905645e-004
= 3.337966579125254e-004
=9.099722643476421e-005
= 1.498231621816041e-004
=4.366447012116811e-004
= 6.307841647560053e-004
= 6.150316826138937e-004
= 8.990255827053560e-004
=1.232134364570107e-003
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Iw
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Iw
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Iw

Iw
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Iw

Iw
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[312
[313
[314
[315
[316

[322
[323
[324
[325
[326
[327
[328

[334
[335
[336

337

339
341

]
]
]
1
]
]
]
1
]
]
1
]
]
]
1
]
]
]
]
]
]
]
]
]
]
]
]
]
]
]
1
343]
344]
]
346]
347]
348]
1
]
]
]
1
]
]
]
1
]
]
]
]
]
1
]
1
]
1
]
]
]
]
]
1
]
1

349
350

353

357
358
359
360
361
362
363
364
365
366

369
370
371
372
373
374

[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[356
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[375

2.048498552413189e-004
2.004822830002534e-004
6.169854804735951e-004
1.061498982103114e-003
1.594860949611097e-003
2.124647831574725e-003
2.621537051750861e-003
3.064311083207632e-003
3.460362845825662e-003
3.794425324215804e-003
4.091032597247918e-003
4.369553676668050e-003

| =4.663276675479689e-003
| =4.722567636185647¢-003
| =4.704321497976561e-003

4.636227793039124e-003
4.517190210387324e-003
4.351667566540186e-003
4.135130493071822e-003
3.870851645947402e-003
3.597475533950260e-003
3.318857985461042e-003
3.000422543655664e-003
2.658042081080524e-003
2.292813563887493e-003
1.914114740669928e-003
1.525818616748839e-003
1.1.56680209049319e-003
7.804546272743493e-004
4.268574601396473e-004
1.324291707264515e-004
1.218226450050751e-004
3.189336138130849e-004
4.749931197951235e-004
5.970696819774243e-004
6.673250213055329e-004
6.887783835812338e-004
6.766320515830324e-004
6.944123176012471e-004
7.139919634325070e-004
7.154123487609100e-004
7.376101027486600e-004
6.976561203768226e-004
5.721223454434728e-004
2.934875643581191e-004
1.092526149391273e-004
6.415402443848103e-004
1.194730618383423e-003
1.557112059887280e-003
1.891971801393744e-003
2.225524159129023e-003
2.530906981099261e-003
2.719749515067397e-003
2.729136737522100e-003
2.703019498899013e-003
2.630471852319136e-003
2.470456304276468e-003
2.239142906871446e-003
2.033465291493264e-003
1.948069005335563e-003
1.725029670030533e-003
1.417366709895927e-003
1.127141815310061e-003
8.089811988213151e-004
4.708009521678285e-004
7.882620739833088e-005
2.998739993995956e-004
4.733148292475610e-004
5.791145447913150e-004

| = 6.754935404082003e-004
| = 8.029620210721900e-004
| = 9.726698841994444e-004
| =1.196637962311630e-003
| = 1.292865844760059e-003
| = 1.146268465739874e-003
| = 1.040598055074471e-003
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15 Iw[389
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55 Iw
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65 Iw [

[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
35 Iw[414
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[
[ |

= 9.767709065548874e-004
=9.294665200453614e-004
=9.862027119530482e-004
= 1.047654674829846e-003
= 1.099000599887377e-003
= 1.151795860160292e-003
= 1.194743370333155e-003
= 1.250742797799558e-003
= 1.287819050086379¢-003
= 1.263569296641556e-003
=1.226113111394085e-003
= 1.177515087338257e-003
= 1.122503050159859¢-003
= 1.089428846944533e-003
= 1.054963366189962¢-003
=9.019128558297515e-004
= 7.847839620863715e-004
= 6.205675927856794e-004
= 3.157663628445906e-004
= 2.556449844935384e-004
= 2.520606580606257e-004
= 2.346980949474655e-004
= 2.060394037017961e-004
= 1.635905995590986e-004
=1.176237128375623e-004
= 6.193369904730005e-005
= 3.568554800150508e-005
=2.443161189273522e-005
= 1.334090914042349¢-005
= 2.853437194757816e-006
= 1.039263591111469e-004
= 5.144969377044875e-005
=9.711681816385056e-005
= 2.472023910553232e-005
= 5.397064424090302¢-005
= 6.487880719449901e-005
= 5.192444140699947e-005
= 9.204876089551197e-005
= 1.815837353167847e-004
= 3.595054179561440e-004
= 5.901617707607606e-007
=1.831121301698088e-004
= 9.755685190624611e-005
= 6.606461762989423e-005
= 3.799971890923797e-005
= 4.150075391929448e-005
= 5.021905476506264e-005
= 5.861800137434713e-005
= 2.126364641291926e-005
= 1.181077582797280e-004
= 9.990757789944374e-005
= 1.035782617124906e-004
= 8.870181845310037e-005
= 5.533953373249822e-005
= 1.580188994455254e-005
= 1.277184430250593e-006
= 5.009913312943629e-006
= 1.499170392246774e-005
= 2.241545750231630e-005
= 3.628511258723260e-005
= 2.406516798531014e-005
= 2.515118233957011e-005
= 3.759629789955498e-005
= 5.408154543124121e-005
=4.493916063285122e-005
= 2.806963579578946e-005
= 2.364518513682831e-005
= 1.260639764582286e-005
= 2.599467772603631e-008

= 1.744841754193053e-004
= 1.728672507238372e-004
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= 1.885286127508226e-004
= 2.078299015661617e-004
=2.123671573189573e-004
= 2.415166002501312e-004
= 2.217025456251449e-004
=9.907630821710970e-005
= 8.039231481768845e-005
= 7.934509417722400e-005
= 5.874199358780108e-005
= 5.449816072329412e-005
= 4.489491034408147e-005
= 3.498285982359981e-005
= 1.748284921486958e-005
=9.075430772832575e-006
= 1.052707430241351e-005
= 6.538878366985722e-006
= 2.206341308073472e-005
=1.769261935287328e-004
= 6.418658561385058e-005
= 8.882305312548962e-005
= 1.721347222211949e-005
= 6.093372716385583e-005
= 7.679955330373515e-005
=7.194151087015007e-005
= 7.245095937243279e-005
= 7.870354371072524e-005
= 5.822201682995846e-004
= 2.666444630171025e-004
= 7.872592352725688e-005
= 7.095886893185526e-005
= 5.643103068471008e-005
= 6.904415362098980e-005
=4.694251739991356e-005
= 3.367998338617662e-005
= 6.481921021601837e-005
= 6.582328030188790e-005
= 4.256442530773449e-005
= 4.939392400898679e-005
= 5.272982009116034e-005
=4.005269212731273e-005
= 2.461876679726978e-005
=4.469729032194765e-006
= 3.798519731621893e-007
= 1.374896222030490e-006
= 3.965363805500215e-006
= 7.300588863934780e-006
= 1.168894474770061e-005
= 8.563819899447630e-006
= 8.975977837330335e-006
= 2.800455533708622e-005
= 2.015445311139832e-005
=1.125134651175812e-005
= 5.869707265615299e-006
= 1.013259758329981e-005
= 1.088325131492173e-005
=7.167101260771279e-006
= 4.840577540089826e-006
= 1.469933448634890e-005
= 8.010079089953001e-006
= 3.299004046633323e-005
=4.373302115187172e-005
= 3.177468256997963e-005
= 2.976824036182567e-005
= 2.464228015326852e-005
= 1.606050838620834e-005
= 6.261944255489322e-006
=4.591009581217994e-007
= 1.395220723090848e-005
= 1.622786214398703e-005

= 2.765649762593200e-007
=1.922074581855119e-006
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=9.897194091136331e-007
= 7.873304717454037e-008
= 2.945239208477290e-008
= 2.757610624807679e-006
= 1.402925247695813e-005
= 9.388962780643742e-006
= 2.068297421740023e-005
= 1.496435902895210e-007
= 6.757014945674924e-009
= 2.778618354859861e-007
= 1.569003268449803e-006
= 1.089500601234349¢-006
= 9.870547653835426e-007
= 3.867483283567218e-005
= 1.232693496472088e-005
= 9.464782951082177e-007
= 8.254429452094225e-007
= 4.883304950437536e-007
= 2.066961713890010e-007
= 5.158212471036245e-009
= 2.267731106642486e-007
= 4.880844550713951e-008
= 3.361682183852576e-006
=4.677015459111491e-006
= 2.820292122791583e-008
= 5.143614846654519e-007
= 3.818588614859347e-009
= 1.737276553950212e-007
= 1.876022048145804e-007
= 2.986488593070417e-009
= 1.409927495646886e-008
= 6.977078748707401e-008
= 1.280675520205100e-008
= 2.222072007942510e-009
= 1.775191290895584e—-009
= 1.686136654621906e-009
= 5.818594642226675e-006
= 2.150883991167946e-006
= 2.714879009950152e-007
= 2.567964804401197e-008
= 2.041128570435378e-006
= 3.262753594084781e-006
= 3.567581483749161e-006
=4.083718802566134e-006
= 5.364807253588177e-006
=4.178050149840223e-006
= 5.189086332701670e-006
= 3.357218747491756e-006
= 6.310207878018869e-006
= 5.924001540927652e-006
= 5.161606640348293e-006
= 3.377814811745950e-006
= 1.323267689777069¢-006
= 1.074716688428712e-007
= 3.561585382456484e-006
=4.518603099564185e-006
= 7.301956971603966e-007
= 5.891904775161025e-007
= 2.801882088134371e-008
= 6.322770332405526e-007
= 2.542598385847351e-007
= 1.272704908592385e-007
= 8.226599990523664e-008
= 5.433718768789140e-007
=4.211177232106135e-007
= 3.552991527555180e-008
= 1.398913109540774e-008
= 1.356727552196146e-006
= 1.706941020342299¢-005
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Iw[607]1 = 2.722295965060517e-005 0.625 < w[38] < 0.627
Iw[608]| = 8.676848186676888e-006 5 0.642 < w[39] < 0.644
Iw[609]| = 3.428660858940255¢-007 0.658 < w[40] < 0.660
Iw[610]1 = 4.767793949944890e-007 0.674 < w[41] < 0.676
Iw[611] = 3.330981930777764e-007 0.690 < w[42] < 0.692
Iw[612]] = 2.399696144635756e-007 0.706 < w[43] < 0.708
Iw[613]1 = 7.326611439066549¢-009 0.722 < w[44] < 0.724
Iw[614]1 = 1.349943693297681e-007 10 0.738 < w[45] < 0.740
Iw[615]] = 5.393555749348494e-008 0.753 < w[46] < 0.755
Iw[616]1 = 3.629067065524143e-006 0.769 < w[47] < 0.771
Iw[617]] = 5.690530948134642e-006 0.784 < w[48] < 0.786
Iw[618]1 = 1.387566465624550e-008 0.799 < w[49] < 0.801
Iw[619]1 = 2.443085172403935e-007 0.815 < w[50] < 0.817
Iw[620]1 = 1.723217058490933e-009 15 0.830 < w[51] < 0.832
Iw[621]1 = 7.391973323448250e-008 0.845 < w[52] < 0.847
\w[szz]\ = 5.303527922331415¢-008 0.860 < w[53] < 0.862
w[623]] = 8.883499047404846¢-010 0.874 < w[54] < 0.876
\w[624]\ = 3.870536804891648¢-009 0.889 < w[55] < 0.891
Iw[625]] = 1.846547564287500e-008 0.903 < w[56] < 0.905
Iw[626]1 = 4.244090917065736e-009 20 0.917 < w[57] < 0.919
Iw[627]1 = 4.013524925634108e-009 0.930 < w[58] < 0.932
Iw[628]] = 6.325664562585882e-010 0.943 < w[59] < 0.945
Iw[629]1 = 6.025110605409611e-010 0.956 < w[60] < 0.958
Iw[630]1 = 1.620171502086309e-006 0.968 < w[61] < 0.970
Iw[631]] = 5.490569954646963e-007 0.980 < w[62] < 0.982
\W[632]\ = 6.355303179925355e-008 0.992 <w[63] < 0.994
w[633]] = 5.426597100684762e-009 » 1.000 < w[64] < 1.002
w[634]] = 4.292861814894369¢-007 1.006 < w[65] < 1.008
w[635]] = 6.834209542421138¢-007 1.012 < w[66] < 1.014
\w[636]\ = 7.099633014995863e~007 1.017 < w[67] < 1.019
Iw[637]! = 8.109951846981774e-007 LO21 < w[68] < 1.023
Iw[638]] = 4.118359768898598¢-007 30 }'gig i g{% i }ggf
Iw[639]1 = 6.571760029213382e-007 1,032 < w[71] < 1.034
1.035 < w[72] < 1.037
1.037 < w[73] < 1.039
1.038 < w[74] < 1.040
1.039 < w[75] < 1.041
Annex 3 35 1.040 < w[76] < 1.042
— 1.040 < w[77] < 1.042
. w[0] <0.012 1.040 < w[78] < 1.042
0.023 <w[1] <0.025 1.040 < w[79] < 1.042
0.034 < w[2] < 0.036 1.039 < w[80] < 1.041
0.045 <w[3] <0.047 1.038 < w[81] < 1.040
8-8% i W[‘SH i 8-822 40 1.036 < w[82] < 1.038
o072 < 3%6} “oom 1.034 < w[83] < 1.036
o087 < MUl 0.089 1.032 < w[84] < 1.034
0103 < w7l <01 1.029 < w[85] < 1.031
. w[8] <0.122 1.025 < w[86] < 1.027
0.137 <w[9] <0.139 1.021 < w[87] < 1.023
0.154 < w[10] < 0.156 1.016 < w[88] < 1.018
0.171 < w[11] < 0.173 45 1.011 < w[89] < 1.013
0.188 < w[12] < 0.190 1.005 < w[90] < 1.007
0.205 < w[13] < 0.207 0.999 < w[91] < 1.001
0.222 < w[14] < 0.224 0.992 < w[92] < 0.994
8-;22 i w[15] < 0.241 0.985 < w[93] < 0.987
. w[16] <0.258 0.977 < w[94] < 0.979
0.272 < w[17] < 0.274 50 0.969 < w[95] < 0.971
8?52 i gﬁg} i 8%; 0.960 < W[96] < 0.962
- - 0.951 < w[97] < 0.953
0.323 < w[20] < 0.325 0.941 < w[98] < 0.943
0.339 < w[21] < 0.341 0.931 < w[99] < 0.933
0.356 < W[22] < 0.358 0.920 < w[100] < 0.922
0.373 <w[23] <0.375 55 0.909 < w[101] < 0.911
0.390 < w[24] <0.392 0.897 < w[102] < 0.899
0.407 < w[25] < 0.409 0.885 < w[103] < 0.887
0.424 < w[26] < 0.426
0441 < w[27] < D443 0.872 < w[104] < 0.874
0,458 < w[28] < 0460 0.860 < w[105] < 0.862
0475 < w[29] < 0.477 0.846 < w[106] < 0.848
0492 < w[30] < 0.494 60 0.833 < w[107] < 0.835
0.509 < w[31] < 0511 0.819 < w[108] < 0.821
0.525 < w[32] < 0.527 0.804 < w[109] < 0.806
0.542 < w[33] < 0.544 0.790 < w[110] < 0.792
0.559 < w[34] < 0.561 0.775 <w[111] <0.777
0.575 < w[35] < 0.577 0.760 <w[112] < 0.762
0.592 < w[36] < 0.594 65 0.745 < w[113] < 0.747
0.609 < w[37] < 0.611 0.729 < w[114] < 0.731
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0.713 <w[115] <0.715 0.126 < w[192] < 0.128
0.697 < w[116] < 0.699 5 0.127 < w[193] < 0.129
0.681 < w[117] < 0.683 0.126 < w[194] < 0.128
0.664 < w[118] < 0.666 0.126 < w[195] < 0.128
0.648 < w[119] < 0.650 0.125 < w[196] < 0.127
0.631 <w[120] <0.633 0.124 < w[197] < 0.126
0.614 <w[121] <0.616 0.123 < w[198] <0.125
0.597 < w[122] < 0.599 10 0.122 < w[199] < 0.124
0.580 < w[123] < 0.582 0.121 <w[200] < 0.123
0.563 <w[124] < 0.565 0.119 < w[201] < 0.121
0.546 < w[125] < 0.548 0.118 < w[202] < 0.120
0.529 <w[126] < 0.531 0.116 < w[203] < 0.118
0.512 <w[127] <0.514 0.114 < w[204] < 0.116
-0.497 < w[128] < -0.495 15 0.111 < w[205] < 0.113
-0.479 < w[129] < -0.477 0.109 < w[206] < 0.111
-0.462 < w[130] < -0.460 0.107 < w[207] < 0.109
-0.445 < w[131] < -0.443 0.104 < w[208] < 0.106
-0.428 < w[132] < -0.426 0.102 < w[209] < 0.104
-0.411 < w[133] < -0.409 0.099 < w[210] <0.101
-0.394 < w[134] < -0.392 20 0.096 < w[211] < 0.098
-0.377 < w[135] < -0.375 0.093 <w[212] <0.095
-0.360 < w[136] < -0.358 0.090 < w[213] < 0.092
-0.343 < w[137] < -0.341 0.087 < w[214] < 0.089
-0.327 < w[138] < -0.325 0.084 < w[215] < 0.086
-0.311 < w[139] < -0.309 0.082 < w[216] < 0.084
-0.295 < w[140] < -0.293 0.079 <w[217] < 0.081
-0.279 < w[141] < -0.277 25 0.076 < w[218] < 0.078
-0.263 < w[142] < -0.261 0.073 <w[219] < 0.075
-0.248 < w[143] < -0.246 0.070 < w[220] < 0.072
-0.233 < w[144] < -0.231 0.067 < w[221] < 0.069
-0.218 < w[145] < -0.216 0.064 < w[222] < 0.066
-0.203 < w[146] < -0.201 0.061 < w[223] < 0.063
-0.189 < w[147] < -0.187 30 0.058 < w[224] < 0.060
-0.175 < w[148] < -0.173 0.055 < w[225] < 0.057
-0.161 < w[149] < -0.159 0.053 < w[226] < 0.055
-0.147 < w[150] < -0.145 0.050 < w[227] < 0.052
—-0.134 < w[151] < -0.132 0.047 < w[228] < 0.049
-0.121 < w[152] < -0.119 0.045 < w[229] < 0.047
-0.108 < w[153] < -0.106 35 0.043 < w[230] < 0.045
-0.096 < w[154] < -0.094 0.040 < w[231] < 0.042
-0.084 < w[155] < -0.082 0.038 < w[232] < 0.040
-0.072 < w[156] < -0.070 0.036 < w[233] < 0.038
-0.061 < w[157] < -0.059 0.034 < w[234] < 0.036
—-0.050 < w[158] < -0.048 0.032 < w[235] < 0.034
-0.039 < w[159] < -0.037 40 0.030 < w[236] < 0.032
-0.028 < w[160] < -0.026 0.028 < w[237] < 0.030
-0.018 < w[l161] <-0.016 0.027 < w[238] < 0.029
-0.008 < w[162] < -0.006 0.025 < w[239] < 0.027
0.001 < w[163] < 0.003 0.023 < w[240] < 0.025
0.010 < w[164] <0.012 0.022 < w[241] < 0.024
0.019 <w[165] <0.021 0.021 < w[242] <0.023
0.028 < w[166] < 0.030 45 0.019 < w[243] < 0.021
0.036 < w[167] <0.038 0.018 < w[244] < 0.020
0.043 < w[168] < 0.045 0.017 < w[245] < 0.019
0.051 < w[169] < 0.053 0.016 < w[246] < 0.018
0.058 < w[170] < 0.060 0.015 < w[247] < 0.017
0.065 < w[171] < 0.067 0.014 < w[248] < 0.016
0.071 <w[172] <0.073 50 0.013 <w[249] < 0.015
0.077 <w[173] <0.079 0.012 < w[250] < 0.014
0.082 < w[174] < 0.084 0.011 < w[251] <0.013
0.088 < w[175] < 0.090 0.010 < w[252] < 0.012
0.093 < w[176] < 0.095 0.009 < w[253] <0.011
0.097 < w[177] < 0.099 0.009 < w[254] < 0.011
0.101 <w[178] <0.103 55 0.008 < w[255] < 0.010
0.105 < w[179] < 0.107 -0.009 < w[256] < -0.007
0.109 < w[180] <0.111 -0.009 < w[257] < -0.007
0.112 < w[181] < 0.114 —-0.008 < w[258] < -0.006
0.115 < w[182] < 0.117 —-0.008 < w[259] < -0.006
0.117 < w[183] < 0.119 -0.008 < w[260] < -0.006
0.119 < w[184] < 0.121 60 -0.007 < w[261] < -0.005
0.121 <w[185] <0.123 -0.007 < w[262] < -0.005
0.123 < w[186] < 0.125 -0.006 < w[263] < -0.004
0.124 < w[187] < 0.126 —-0.006 < w[264] < -0.004
0.125 < w[188] < 0.127 —-0.006 < w[265] < -0.004
0.126 < w[189] < 0.128 -0.005 < w[266] < -0.003
0.126 < w[190] < 0.128 65 ~0.005 < w[267] < -0.003
0.126 <w[191] <0.128 -0.005 < w[268] < -0.003
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-0.005 < w[269] < -0.003 0.000 < w[346] < 0.002
-0.004 < w[270] < =0.002 5 0.000 < w[347] < 0.002
-0.004 < w[271] < =0.002 0.001 < w[348] < 0.003
-0.004 < w[272] < =0.002 0.001 < w[349] < 0.003
-0.003 < w[273] < =0.001 0.001 < w[350] < 0.003
-0.003 < w[274] < =0.001 0.002 < w[351] < 0.004
-0.003 < w[275] < =0.001 0.002 < w[352] < 0.004
-0.003 < w[276] < =0.001 10 0.002 < w[353] < 0.004
-0.002 < w[277] < 0.000 0.002 < w[354] < 0.004
-0.002 < w[278] < 0.000 0.002 < w[355] < 0.004
-0.002 < w[279] < 0.000 0.001 < w[356] < 0.003
-0.002 < w[280] < 0.000 0.001 < w[357] < 0.003
-0.002 < w[281] < 0.000 0.001 < w[358] < 0.003
-0.002 < w[282] < 0.000 15 0.001 < w[359] < 0.003
-0.001 < w[283] < 0.001 0.001 < w[360] < 0.003
-0.001 < w[284] < 0.001 0.000 < w[361] < 0.002
-0.001 < w[285] < 0.001 0.000 < w[362] < 0.002
-0.001 < w[286] < 0.001 0.000 < w[363] < 0.002
0.000 < w[287] < 0.002 -0.001 < w[364] < 0.001
0.000 < w[288] < 0.002 20 -0.001 < w[365] < 0.001
0.000 < w[289] < 0.002 -0.001 < w[366] < 0.001
0.000 < w[290] < 0.002 -0.001 < w[367] < 0.001
0.000 < w[291] < 0.002 -0.002 < w[368] < 0.000
0.001 < w[292] < 0.003 -0.002 < w[369] < 0.000
0.001 < w[293] < 0.003 -0.002 < w[370] < 0.000
0.001 < w[294] < 0.003 -0.002 < w[371] < 0.000
0.001 < w[295] < 0.003 25 -0.002 < w[372] < 0.000
0.000 < w[296] < 0.002 -0.002 < w[373] < 0.000
0.000 < w[297] < 0.002 -0.002 < w[374] < 0.000
0.000 < w[298] < 0.002 -0.002 < w[375] < 0.000
-0.001 < w[299] < 0.001 -0.002 < w[376] < 0.000
-0.001 < w[300] < 0.001 -0.002 < w[377] < 0.000
-0.002 < w[301] < 0.000 30 -0.002 < w[378] < 0.000
-0.002 < w[302] < 0.000 -0.002 < w[379] < 0.000
-0.003 < w[303] < -0.001 -0.002 < w[380] < 0.000
-0.003 < w[304] < -0.001 -0.002 < w[381] < 0.000
-0.004 < w[303] < =0.002 -0.002 < w[382] < 0.000
-0.004 < w[306] < -0.002 -0.002 < w[383] < 0.000
-0.004 < w[307] < =0.002 35 0.000 < w[384] < 0.002
-0.005 < w[308] < -0.003 0.000 < w[385] < 0.002
-0.005 < w[309] < -0.003 0.000 < w[386] < 0.002
-0.005 < w[310] < =0.003 0.000 < w[387] < 0.002
-0.006 < w[311] < -0.004 0.000 < w[388] < 0.002
-0.006 < w[312] < -0.004 0.000 < w[389] < 0.002
-0.006 < w[313] < -0.004 40 0.000 < w[390] < 0.002
-0.006 < w[314] < -0.004 0.000 < w[391] < 0.002
-0.006 < w[315] < -0.004 0.000 < w[392] < 0.002
-0.006 < w[316] < -0.004 0.000 < w[393] < 0.002
-0.005 < w[317] < =0.003 -0.001 < w[394] < 0.001
-0.005 < w[318] < -0.003 -0.001 < w[395] < 0.001
-0.005 < w[319] < -0.003 -0.001 < w[396] < 0.001
-0.005 < w[320] < -0.003 45 -0.001 < w[397] < 0.001
-0.004 < w[321] < =0.002 -0.001 < w[398] < 0.001
-0.004 < w[322] < =0.002 -0.001 < w[399] < 0.001
-0.004 < w[323] < =0.002 -0.001 < w[400] < 0.001
-0.003 < w[324] < -0.001 -0.001 < w[401] < 0.001
-0.003 < w[325] < -0.001 -0.001 < w[402] < 0.001
-0.003 < w[326] < -0.001 50 -0.001 < w[403] < 0.001
-0.002 < w[327] < 0.000 -0.001 < w[404] < 0.001
-0.002 < w[328] < 0.000 -0.001 < w[405] < 0.001
-0.001 < w[329] < 0.001 -0.001 < w[406] < 0.001
-0.001 < w[330] < 0.001 -0.001 < w[407] < 0.001
-0.001 < w[331] < 0.001 -0.001 < w[408] < 0.001
-0.001 < w[332] < 0.001 55 -0.001 < w[409] < 0.001
-0.001 < w[333] < 0.001 -0.001 < w[410] < 0.001
0.000 < w[334] < 0.002 -0.001 < w[411] < 0.001
0.000 < w[335] < 0.002 -0.001 < w[412] < 0.001
0.000 < w[336] < 0.002 -0.001 < w[413] < 0.001
0.000 < w[337] < 0.002 -0.001 < w[414] < 0.001
0.000 < w[338] < 0.002 60 -0.001 < w[415] < 0.001
0.000 < w[339] < 0.002 -0.001 < w[416] < 0.001
0.000 < w[340] < 0.002 -0.001 < w[417] < 0.001
0.000 < w[341] < 0.002 -0.001 < w[418] < 0.001
0.000 < w[342] < 0.002 -0.001 < w[419] < 0.001
0.000 < w[343] < 0.002 -0.001 < w[420] < 0.001
-0.001 < w[344] < 0.001 65 -0.001 < w[421] < 0.001
-0.001 < w[345] < 0.001 -0.001 < w[422] < 0.001
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-0.001 < w[423] < 0.001 -0.001 < w[500] < 0.001
-0.001 < w[424] < 0.001 5 -0.001 < w[501] < 0.001
-0.001 < w[425] < 0.001 -0.001 < w[502] < 0.001
-0.001 < w[426] < 0.001 -0.001 < w[503] < 0.001
-0.001 < w[427] < 0.001 -0.001 < w[504] < 0.001
-0.001 < w[428] < 0.001 -0.001 < w[505] < 0.001
-0.001 < w[429] < 0.001 -0.001 < w[506] < 0.001
-0.001 < w[430] < 0.001 10 -0.001 < w[507] < 0.001
-0.001 < w[431] < 0.001 -0.001 < w[508] < 0.001
-0.001 < w[432] < 0.001 -0.001 < w[509] < 0.001
-0.001 < w[433] < 0.001 -0.001 < w[510] < 0.001
-0.001 < w[434] < 0.001 -0.001 < w[511] < 0.001
-0.001 < w[435] < 0.001 -0.001 < w[512] < 0.001
-0.001 < w[436] < 0.001 15 -0.001 < w[513] < 0.001
-0.001 < w[437] < 0.001 -0.001 < w[514] < 0.001
-0.001 < w[438] < 0.001 -0.001 < w[515] < 0.001
-0.001 < w[439] < 0.001 -0.001 < w[516] < 0.001
-0.001 < w[440] < 0.001 -0.001 < w[517] < 0.001
-0.001 < w[441] < 0.001 -0.001 < w[518] < 0.001
-0.001 < w[442] < 0.001 20 -0.001 < w[519] < 0.001
-0.001 < w[443] < 0.001 -0.001 < w[520] < 0.001
-0.001 < w[444] < 0.001 -0.001 < w[521] < 0.001
-0.001 < w[445] < 0.001 -0.001 < w[522] < 0.001
-0.001 < w[446] < 0.001 -0.001 < w[523] < 0.001
-0.001 < w[447] < 0.001 -0.001 < w[524] < 0.001
-0.001 < w[448] < 0.001 -0.001 < w[525] < 0.001
-0.001 < w[449] < 0.001 25 -0.001 < w[526] < 0.001
-0.001 < w[450] < 0.001 -0.001 < w[527] < 0.001
-0.001 < w[451] < 0.001 -0.001 < w[528] < 0.001
-0.001 < w[452] < 0.001 -0.001 < w[529] < 0.001
-0.001 < w[453] < 0.001 -0.001 < w[530] < 0.001
-0.001 < w[454] < 0.001 -0.001 < w[531] < 0.001
-0.001 < w[455] < 0.001 30 -0.001 < w[532] < 0.001
-0.001 < w[456] < 0.001 -0.001 < w[533] < 0.001
-0.001 < w[457] < 0.001 -0.001 < w[534] < 0.001
-0.001 < w[458] < 0.001 -0.001 < w[535] < 0.001
-0.001 < w[459] < 0.001 -0.001 < w[536] < 0.001
-0.001 < w[460] < 0.001 -0.001 < w[537] < 0.001
-0.001 < w[461] < 0.001 35 -0.001 < w[538] < 0.001
-0.001 < w[462] < 0.001 -0.001 < w[539] < 0.001
-0.001 < w[463] < 0.001 -0.001 < w[540] < 0.001
-0.001 < w[464] < 0.001 -0.001 < w[541] < 0.001
-0.001 < w[465] < 0.001 -0.001 < w[542] < 0.001
-0.001 < w[466] < 0.001 -0.001 < w[543] < 0.001
-0.001 < w[467] < 0.001 40 -0.001 < w[544] < 0.001
-0.001 < w[468] < 0.001 -0.001 < w[545] < 0.001
-0.001 < w[469] < 0.001 -0.001 < w[546] < 0.001
-0.001 < w[470] < 0.001 -0.001 < w[547] < 0.001
-0.001 < w[471] < 0.001 -0.001 < w[548] < 0.001
-0.001 < w[472] < 0.001 -0.001 < w[549] < 0.001
-0.001 < w[473] < 0.001 -0.001 < w[550] < 0.001
-0.001 < w[474] < 0.001 45 -0.001 < w[551] < 0.001
-0.001 < w[475] < 0.001 -0.001 < w[552] < 0.001
-0.001 < w[476] < 0.001 -0.001 < w[553] < 0.001
-0.001 < w[477] < 0.001 -0.001 < w[554] < 0.001
-0.001 < w[478] < 0.001 -0.001 < w[555] < 0.001
0.000 < w[479] < 0.002 -0.001 < w[556] < 0.001
-0.001 < w[480] < 0.001 50 -0.001 < w[557] < 0.001
-0.001 < w[481] < 0.001 -0.001 < w[558] < 0.001
-0.001 < w[482] < 0.001 -0.001 < w[559] < 0.001
-0.001 < w[483] < 0.001 -0.001 < w[560] < 0.001
-0.001 < w[484] < 0.001 -0.001 < w[561] < 0.001
-0.001 < w[485] < 0.001 -0.001 < w[562] < 0.001
-0.001 < w[486] < 0.001 55 -0.001 < w[563] < 0.001
-0.001 < w[487] < 0.001 -0.001 < w[564] < 0.001
-0.001 < w[488] < 0.001 -0.001 < w[565] < 0.001
-0.001 < w[489] < 0.001 -0.001 < w[566] < 0.001
-0.001 < w[490] < 0.001 -0.001 < w[567] < 0.001
-0.001 < w[491] < 0.001 -0.001 < w[568] < 0.001
-0.001 < w[492] < 0.001 60 -0.001 < w[569] < 0.001
-0.001 < w[493] < 0.001 -0.001 < w[570] < 0.001
-0.001 < w[494] < 0.001 -0.001 < w[571] < 0.001
-0.001 < w[495] < 0.001 -0.001 < w[572] < 0.001
-0.001 < w[496] < 0.001 -0.001 < w[573] < 0.001
-0.001 < w[497] < 0.001 -0.001 < w[574] < 0.001
—0.001 < w[498] < 0.001 65 -0.001 < w[575] < 0.001
-0.001 < w[499] < 0.001 -0.001 < w[576] < 0.001
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-0.001 < w[577] < 0.001 0.120 < |w[8] < 0.122

-0.001 < w[578] < 0.001 5 0.137 < [w[9]! < 0.139
-0.001 < w[579] < 0.001 0.154 < [w[10]| < 0.156
-0.001 < w[580] < 0.001 0.171 < Iw[11]l < 0.173
-0.001 < w[581] < 0.001 0.188 < [w[12]] < 0.190
-0.001 < w[582] < 0.001 0.205 < w[13]] < 0.207
-0.001 < w[583] < 0.001 0.222 < |w[14]| < 0.224
-0.001 < w[584] < 0.001 10 0.239 < [w[15] < 0.241
-0.001 < w[585] < 0.001 0.256 < [w[16]] < 0.258
-0.001 < w[586] < 0.001 0.272 < [w[17]] < 0.274
-0.001 < w[587] < 0.001 0.289 < [w[18] < 0.291
-0.001 < w[588] < 0.001 0.306 < [w[19] < 0.308
-0.001 < w[589] < 0.001 0.323 < [w[20] < 0.325
-0.001 < w[590] < 0.001 15 0.339 < [w[21]| < 0.341
-0.001 < w[591] < 0.001 0.356 < [w[22]] < 0.358
-0.001 < w[592] < 0.001 0.373 < Iw[23]1 < 0.375
-0.001 < w[593] < 0.001 0.390 < [w[24] < 0.392
-0.001 < w[594] < 0.001 0.407 < [w[25]] < 0.409
-0.001 < w[595] < 0.001 0.424 < [w[26]] < 0.426
-0.001 < w[596] < 0.001 2 0.441 < [w[27] < 0.443
-0.001 < w[597] < 0.001 0.458 < [w[28] < 0.460
-0.001 < w[598] < 0.001 0.475 < [w[29] < 0.477
-0.001 < w[599] < 0.001 0.492 < |w[30] < 0.494
-0.001 < w[600] < 0.001 0.509 < lw[31]] < 0.511
-0.001 < w[601] < 0.001 0.525 < [w[32]] < 0.527
-0.001 < w[602] < 0.001 0.542 < [w[33]] < 0.544
-0.001 < w[603] < 0.001 25 0.559 < [w[34] < 0.561
-0.001 < w[604] < 0.001 0.575 < Iw[35]1 < 0.577
-0.001 < w[605] < 0.001 0.592 < [w[36] < 0.594
-0.001 < w[606] < 0.001 0.609 < [w[37]| < 0.611
-0.001 < w[607] < 0.001 0.625 < [w[38] < 0.627
-0.001 < w[608] < 0.001 0.642 < [w[39] < 0.644
-0.001 < w[609] < 0.001 30 0.658 < [w[40]| < 0.660
-0.001 < w[610] < 0.001 0.674 < lw[41]] < 0.676
-0.001 < w[611] < 0.001 0.690 < w[42]| < 0.692
-0.001 < w[612] < 0.001 0.706 < [w[43]] < 0.708
-0.001 < w[613] < 0.001 0.722 < |w[44]| < 0.724
-0.001 < w[614] < 0.001 0.738 < [w[45]| < 0.740
-0.001 < w[615] < 0.001 35 0.753 < lw[46]| < 0.755
-0.001 < w[616] < 0.001 0.769 < lw[47]l < 0.771
-0.001 < w[617] < 0.001 0.784 < |w[48]| < 0.786
-0.001 < w[618] < 0.001 0.799 < [w[49]| < 0.801
-0.001 < w[619] < 0.001 0.815 < [w[50]] < 0.817
-0.001 < w[620] < 0.001 0.830 < [w[51]] < 0.832
-0.001 < w[621] < 0.001 40 0.845 < [w[52]] < 0.847
-0.001 < w[622] < 0.001 0.860 < [w[53]] < 0.862
-0.001 < w[623] < 0.001 0.874 < [w[54]| < 0.876
-0.001 < w[624] < 0.001 0.889 < [w[55] < 0.891
-0.001 < w[625] < 0.001 0.903 < [w[56] < 0.905
-0.001 < w[626] < 0.001 0.917 < [w[57]1 < 0.919
-0.001 < w[627] < 0.001 0.930 < [w[58] < 0.932
-0.001 < w[628] < 0.001 45 0.943 < [w[59]| < 0.945
-0.001 < w[629] < 0.001 0.956 < [w[60]] < 0.958
-0.001 < w[630] < 0.001 0.968 < [w[61]] < 0.970
-0.001 < w[631] < 0.001 0.980 < [w[62]] < 0.982
~0.001 < w[632] < 0.001 0.992 < |w[63]] < 0.994
-0.001 < w[633] < 0.001 1.000 < |w[64]] < 1.002
-0.001 < w[634] < 0.001 50 1.006 < Iw[65]] < 1.008
0001 < W[635] < 0.001 1.012 < Iw[66]] < 1.014
~0.001 < w[636] < 0,001 1.017 < [w[67]] < 1.019
~0.001 < w[637] < 0,001 1.021 < Iw[68]] < 1.023
0,001 < w[638] < 0001 1.026 < [w[69]] < 1.028
. . 1.029 < Iw[70]] < 1.031
-0.001 < w[639] < 0.001 s 1,032 < Iw[71]| < 1.034
1.035 < [w[72]] < 1.037
1.037 < Iw[73]] < 1.039
1.038 < [w[74]] < 1.040
1.039 < Iw[75]] < 1.041
Annex 4 1.040 < w[76]] < 1.042
0.010 < Iw[0]! < 0.012 60 1.040 < [w[77]] < 1.042
0,023 < Iw[1]| < 0.025 1.040 < [w[78]] < 1.042
0.034 < Iw[2]l < 0.036 1.040 < [w[79]] < 1.042
0.045 < Iw[3] < 0.047 1.039 < Iw[80]] < 1.041
0.058 < lw[4]l < 0.060 1.038 < [w[81]] < 1.040
0.072 < Iw[5]l < 0.074 1.036 < [w[82]] < 1.038
0.087 < [w[6] < 0.089 65 1.034 < [w[83]] < 1.036
0.103 < [w[7] < 0.105 1.032 < [w[84]| < 1.034
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1.029 < |w[85]] < 1.031 0.006 < lw[162]l < 0.008
1.025 < [w[86]| < 1.027 5 0.001 < Iw[163]] < 0.003
1.021 < Iw[87]1 < 1.023 0.010 < lw[164]l <0.012
1.016 < [w[88]l < 1.018 0.019 < lw[165]1 <0.021
1.011 < |w[89]I < 1.013 0.028 < lw[166]l < 0.030
1.005 < [w[90]l < 1.007 0.036 < Iw[167]] < 0.038
0.999 < lw[91]] < 1.001 0.043 < |w[168]l < 0.045
0.992 < |w[92]l < 0.994 10 0.051 < |w[169]] < 0.053
0.985 < |w[93]] < 0.987 0.058 < |w[170]l < 0.060
0.977 < Iw[94]] < 0.979 0.065 < lw[171]] < 0.067
0.969 < [w[95]1 < 0.971 0.071 < lw[172]1 <0.073
0.960 < [w[96]] < 0.962 0.077 < Iw[173]1 < 0.079
0.951 < [w[97]1 < 0.953 0.082 < |w[174]] <0.084
0.941 < |w[98]] < 0.943 15 0.088 < |w[175]1 < 0.090
0.931 < [w[99]1 < 0.933 0.093 < |w[176]l < 0.095
0.920 < |w[100]l < 0.922 0.097 < Iw[177]1 < 0.099
0.909 < |w[101]l < 0.911 0.101 < |w[178]l <0.103
0.897 < |w[102]l < 0.899 0.105 < |w[179]l <0.107
0.885 < |w[103]l < 0.887 0.109 < |w[180]l < 0.111
0.872 < |w[104]] < 0.874 20 0.112 < |w[181]1 < 0.114
0.860 < |w[105]] < 0.862 0.115 < Iw[182]1 < 0.117
0.846 < |w[106]l < 0.848 0.117 < Iw[183]1 < 0.119
0.833 < |w[107]l < 0.835 0.119 < |w[184]1 < 0.121
0.819 < |w[108]l < 0.821 0.121 < |w[185]1 < 0.123
0.804 < |w[109]l < 0.806 0.123 < |w[186]1 < 0.125
0.790 < |w[110]I < 0.792 0.124 < |w[187]1 <0.126
0.775 < Iw[111]1 < 0.777 25 0.125 < [w[188]] < 0.127
0.760 < lw[112]1 < 0.762 0.126 < |w[189]] <0.128
0.745 < |w[113]I < 0.747 0.126 < Iw[190]] <0.128
0.729 < lw[114]1 < 0.731 0.126 < |w[191]1 <0.128
0.713 < |w[115]1 <0.715 0.126 < |w[192]] <0.128
0.697 < Iw[116]l < 0.699 0.127 < |w[193]1 <0.129
0.681 < |w[117] < 0.683 30 0.126 < |w[194]] <0.128
0.664 < |w[118]l < 0.666 0.126 < |w[195]1 <0.128
0.648 < [w[119]l < 0.650 0.125 < |w[196]1 <0.127
0.631 < |w[120]] < 0.633 0.124 < |w[197]1 <0.126
0.614 < |w[121]l < 0.616 0.123 < |w[198]l <0.125
0.597 < lw[122]] < 0.599 0.122 < |w[199]l <0.124
0.580 < |w[123]1 < 0.582 35 0.121 < |w[200]] <0.123
0.563 < |w[124]] < 0.565 0.119 < |w[201]1 < 0.121
0.546 < |w[125]] < 0.548 0.118 < |w[202] < 0.120
0.529 < |w[126]l < 0.531 0.116 < Iw[203]1 < 0.118
0.512 < |w[127]1 < 0.514 0.114 < |w[204]1 < 0.116
0.495 < |w[128]] < 0.497 0.111 < [w[205]I < 0.113
0.477 < Iw[129]] < 0.479 40 0.109 < |w[206]] < 0.111
0.460 < |w[130]l < 0.462 0.107 < Iw[207]] < 0.109
0.443 < |w[131]] < 0.445 0.104 < |w[208]] < 0.106
0.426 < Iw[132]1 < 0.428 0.102 < |w[209]] < 0.104
0.409 < |w[133]l < 0.411 0.099 < |w[210]l <0.101
0.392 < |w[134]] < 0.394 0.096 < lw[211]I < 0.098
0.375 < |w[135]1 < 0.377 0.093 < |w[212]] < 0.095
0.358 < [w[136]] < 0.360 45 0.090 < [w[213]] < 0.092
0.341 < |w[137]1 < 0.343 0.087 < |w[214]] < 0.089
0.325 < |w[138]l < 0.327 0.084 < |w[215]1 < 0.086
0.309 < |w[139]] < 0.311 0.082 < |w[216]l < 0.084
0.293 < |w[140]l < 0.295 0.079 < lw[217]1 < 0.081
0.277 < lw[141]1 < 0.279 0.076 < Iw[218]] < 0.078
0.261 < |w[142]] < 0.263 50 0.073 < |w[219]] < 0.075
0.246 < |w[143]] < 0.248 0.070 < |w[220]] < 0.072
0.231 < |w[144]] < 0.233 0.067 < lw[221]] < 0.069
0.216 < |w[145]1 < 0.218 0.064 < |w[222]] < 0.066
0.201 < |w[146]l < 0.203 0.061 < |w[223]] < 0.063
0.187 < |w[147]1 < 0.189 0.058 < |w[224]] < 0.060
0.173 < |w[148]1 < 0.175 55 0.055 < |w[225]] <0.057
0.159 < |w[149]] < 0.161 0.053 < |w[226]] < 0.055
0.145 < |w[150]1 < 0.147 0.050 < |w[227]] <0.052
0.132 < |w[151]1 < 0.134 0.047 < |w[228]] < 0.049
0.119 < Iw[152]1 < 0.121 0.045 < |w[229]1 < 0.047
0.106 < |w[153]1 < 0.108 0.043 < |w[230]1 < 0.045
0.094 < |w[154]] < 0.096 60 0.040 < |w[231]1 < 0.042
0.082 < |w[155]1 < 0.084 0.038 < |w[232]1 < 0.040
0.070 < lw[156]1 < 0.072 0.036 < |w[233]1 <0.038
0.059 < Iw[157]1 < 0.061 0.034 < |w[234]] < 0.036
0.048 < |w[158]] < 0.050 0.032 < |w[235]1 <0.034
0.037 < Iw[159]] < 0.039 0.030 < |w[236]1 < 0.032
0.026 < [w[160] < 0.028 65 0.028 < [w[237]] < 0.030
0.016 < Iw[161]l < 0.018 0.027 < |w[238]] < 0.029
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0.025 < |w[239]1 < 0.027 0.004 < |w[316]l < 0.006
0.023 < [w[240]| < 0.025 5 0.003 < Iw[317]] < 0.005
0.022 < |w[241]1 < 0.024 0.003 < |w[318]l < 0.005
0.021 < |w[242]] < 0.023 0.003 < |w[319]] < 0.005
0.019 < |w[243]] < 0.021 0.003 < |w[320] < 0.005
0.018 < |w[244]] < 0.020 0.002 < |w[321] < 0.004
0.017 < |w[245]1 < 0.019 0.002 < |w[322]1 < 0.004
0.016 < lw[246]l < 0.018 10 0.002 < |w[323]1 < 0.004
0.015 < |w[247]1 < 0.017 0.001 < |w[324]] < 0.003
0.014 < |w[248]] < 0.016 0.001 < |w[325]] < 0.003
0.013 < |w[249]] < 0.015 0.001 < |w[326]] < 0.003
0.012 < |w[250]1 < 0.014 0.000 < |w[327]1 < 0.002
0.011 < Iw[251]1 < 0.013 0.000 < |w[328]] < 0.002
0.010 < |w[252]1 < 0.012 15 -0.001 < [w[329] < 0.001
0.009 < |w[253]] < 0.011 -0.001 < [w[330]l < 0.001
0.009 < |w[254]] < 0.011 -0.001 < |w[331]I < 0.001
0.008 < |w[255]1 < 0.010 -0.001 < |w[332]l < 0.001
0.007 < lw[256]] < 0.009 -0.001 < |w[333]l < 0.001
0.007 < lw[257]1 < 0.009 0.000 < |w[334]] < 0.002
0.006 < |w[258]] < 0.008 20 0.000 < |w[335]1 < 0.002
0.006 < |w[259]] < 0.008 0.000 < |w[336] < 0.002
0.006 < lw[260]] < 0.008 0.000 < |w[337]1 < 0.002
0.005 < lw[261]] < 0.007 0.000 < |w[338]l < 0.002
0.005 < |w[262]] < 0.007 0.000 < |w[339]] < 0.002
0.004 < |w[263]l < 0.006 0.000 < |w[340] < 0.002
0.004 < |w[264]] < 0.006 0.000 < |w[341]l < 0.002
0.004 < [w[265]] < 0.006 25 0.000 < [w[342]l < 0.002
0.003 < |w[266]] < 0.005 0.000 < |w[343]] < 0.002
0.003 < |w[267]] < 0.005 -0.001 < |w[344] < 0.001
0.003 < |w[268]l < 0.005 -0.001 < |w[345] < 0.001
0.003 < |w[269]] < 0.005 0.000 < |w[346] < 0.002
0.002 < |w[270]l < 0.004 0.000 < |w[347]1 < 0.002
0.002 < |w[271]] < 0.004 30 0.001 < |w[348]l < 0.003
0.002 < |w[272]] < 0.004 0.001 < |w[349]] < 0.003
0.001 < |w[273]l < 0.003 0.001 < |w[350]1 < 0.003
0.001 < |w[274]] < 0.003 0.002 < |w[351]1 < 0.004
0.001 < |w[275]] < 0.003 0.002 < |w[352]1 < 0.004
0.001 < |w[276]] < 0.003 0.002 < |w[353]1 < 0.004
0.000 < |w[277]1 < 0.002 35 0.002 < |w[354]] < 0.004
0.000 < |w[278]l < 0.002 0.002 < |w[355]1 < 0.004
0.000 < |w[279]] < 0.002 0.001 < |w[356]] < 0.003
0.000 < |w[280]l < 0.002 0.001 < |w[357]1 < 0.003
0.000 < |w[281]] < 0.002 0.001 < |w[358]l < 0.003
0.000 < |w[282]] < 0.002 0.001 < |w[359]] < 0.003
-0.001 < |w[283] < 0.001 40 0.001 < |w[360]] < 0.003
-0.001 < |w[284] < 0.001 0.000 < lw[361] < 0.002
-0.001 < |w[285] < 0.001 0.000 < |w[362]] < 0.002
-0.001 < |w[286] < 0.001 0.000 < |w[363]1 < 0.002
0.000 < |w[287]l < 0.002 -0.001 < [w[364]l < 0.001
0.000 < |w[288]l < 0.002 -0.001 < [w[365] < 0.001
0.000 < |w[289]] < 0.002 -0.001 < [w[366] < 0.001
0.000 < [w[290]] < 0.002 45 ~0.001 < Iw[367] < 0.001
0.000 < |w[291]] < 0.002 0.000 < |w[368] < 0.002
0.001 < |w[292]] < 0.003 0.000 < |w[369] < 0.002
0.001 < |w[293]] < 0.003 0.000 < |w[370]l < 0.002
0.001 < |w[294]] < 0.003 0.000 < |w[371]1 < 0.002
0.001 < |w[295]] < 0.003 0.000 < |w[372]1 < 0.002
0.000 < |w[296]] < 0.002 50 0.000 < |w[373]l <0.002
0.000 < |w[297]] < 0.002 0.000 < |w[374]] < 0.002
0.000 < |w[298]] < 0.002 0.000 < |w[375]1 < 0.002
-0.001 < [w[299] < 0.001 0.000 < |w[376] < 0.002
-0.001 < [w[300]I < 0.001 0.000 < |w[377]1 <0.002
0.000 < |w[301]l < 0.002 0.000 < |w[378]l < 0.002
0.000 < |w[302]l < 0.002 55 0.000 < |w[379]] < 0.002
0.001 < |w[303]l < 0.003 0.000 < |w[380] < 0.002
0.001 < |w[304]| < 0.003 0.000 < |w[381] < 0.002
0.002 < |w[305]1 < 0.004 0.000 < |w[382]] < 0.002
0.002 < |w[306]l < 0.004 0.000 < |w[383]l < 0.002
0.002 < |w[307]l < 0.004 0.000 < |w[384] < 0.002
0.003 < |w[308]| < 0.005 60 0.000 < |w[385]] < 0.002
0.003 < |w[309]| < 0.005 0.000 < |w[386] < 0.002
0.003 < |w[310]l < 0.005 0.000 < |w[387]l < 0.002
0.004 < |w[311]I < 0.006 0.000 < |w[388]l < 0.002
0.004 < |w[312]l < 0.006 0.000 < |w[389] < 0.002
0.004 < |w[313]l < 0.006 0.000 < |w[390] < 0.002
0.004 < [w[314]] < 0.006 65 0.000 < [w[391]] < 0.002
0.004 < |w[315]l < 0.006 0.000 < |w[392]] < 0.002
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0.000 < |w[393]] < 0.002 -0.001 < [w[470]l < 0.001
-0.001 < [w[394] < 0.001 5 -0.001 < [w[471] < 0.001
-0.001 < [w[395]] < 0.001 -0.001 < |w[472]l <0.001
-0.001 < [w[396]] < 0.001 -0.001 < [w[473]l < 0.001
-0.001 < [w[397]] < 0.001 -0.001 < |w[474]l < 0.001
-0.001 < |w[398]| < 0.001 -0.001 < [w[475]1 <0.001
-0.001 < [w[399]] < 0.001 -0.001 < |w[476]l < 0.001
-0.001 < |w[400]l < 0.001 10 -0.001 < [w[477]l <0.001
-0.001 < |w[401]l < 0.001 -0.001 < |w[478] < 0.001
-0.001 < |w[402]l < 0.001 0.000 < |w[479]l < 0.002
-0.001 < |w[403]l < 0.001 —0.001 < [w[480]l < 0.001
—0.001 < |w[404]] < 0.001 —0.001 < |w[481]l < 0.001
—0.001 < |w[405]l < 0.001 —0.001 < |w[482]] < 0.001
-0.001 < |w[406]| < 0.001 15 —0.001 < |w[483]] < 0.001
-0.001 < |w[407]l < 0.001 —0.001 < |w[484]] < 0.001
-0.001 < |w[408]| < 0.001 —0.001 < |w[485]] < 0.001
-0.001 < [w[409]] < 0.001 —0.001 < |w[486]] < 0.001
-0.001 < |w[410]l < 0.001 —0.001 < |w[487]l < 0.001
-0.001 < |w[411]l < 0.001 —0.001 < |w[488]| < 0.001
-0.001 < Iw[412]l < 0.001 20 —0.001 < |w[489]] < 0.001
-0.001 < Iw[413]l < 0.001 —0.001 < [w[490]| < 0.001
-0.001 < |w[414]l < 0.001 -0.001 < |w[491]l < 0.001
-0.001 < |w[415]] < 0.001 -0.001 < |w[492]l < 0.001
-0.001 < Iw[416]] < 0.001 —0.001 < |w[493]] < 0.001
-0.001 < [w[417]l < 0.001 —0.001 < |w[494]] < 0.001
-0.001 < |w[418]l < 0.001 —0.001 < [w[495]] < 0.001
-0.001 < |w[419]] < 0.001 25 —0.001 < |w[496]| < 0.001
—0.001 < |w[420]] < 0.001 -0.001 < [w[497]l < 0.001
-0.001 < |w[421]l < 0.001 —0.001 < |w[498]| < 0.001
—0.001 < |w[422]] < 0.001 —0.001 < [w[499]] < 0.001
-0.001 < |w[423]] < 0.001 —0.001 < [w[500]l < 0.001
-0.001 < |w[424]] < 0.001 —0.001 < |w[501]l < 0.001
-0.001 < |w[425]] < 0.001 30 —0.001 < |w[502]l < 0.001
—0.001 < |w[426]] < 0.001 —0.001 < [w[503]l < 0.001
-0.001 < [w[427]] < 0.001 —0.001 < [w[504]] < 0,001
—0.001 < |w[428]] < 0.001 —0.001 < [w[505]l < 0.001
-0.001 < |w[429]] < 0.001 —0.001 < Iw[506]| < 0.001
-0.001 < |w[430]l < 0.001 —0.001 < Iw[507]l < 0.001
-0.001 < |w[431]l < 0.001 35 —0.001 < |w[508]l < 0.001
-0.001 < |w[433]l < 0.001 -0.001 < Iw[510]l < 0.001
-0.001 < |w[434]] < 0.001 -0.001 < Iw[511]1 < 0.001
—0.001 < |w[435]] < 0.001 -0.001 < Iw[512]l < 0.001

-0.001 < [w[437]1 < 0.001 40 -0.001 < |w[514]1 <0.001

~0.001 < [w[438]] < 0.001 ~0.001 < [w[515]l < 0.001
~0.001 < [w[439]] < 0.001 ~0.001 < [W[516]l < 0.001
~0.001 < [w[440]| < 0.001 ~0.001 < [W[517]l < 0.001
~0.001 < [w[441]] < 0.001 ~0.001 < [w[518]l < 0.001
~0.001 < [w[442]| < 0.001 ~0.001 < [w[519]| < 0.001
~0.001 < [w[443]l < 0.001 ~0.001 < [w[520]! < 0.001
~0.001 < Iw[444] < 0.001 45 -0.001 < Iw[521] < 0.001
~0.001 < [w[445]l < 0.001 ~0.001 < [w[522]! < 0.001
~0.001 < [w[446]] < 0.001 ~0.001 < [w[523]l < 0,001
~0.001 < [w[447]l < 0.001 ~0.001 < [w[524]| < 0.001
~0.001 < [w[448]| < 0.001 ~0.001 < [W[525]l < 0.001
~0.001 < [w[449]| < 0.001 ~0.001 < [W[526]] < 0.001
~0.001 < [W[450]| < 0.001 50 ~0.001 < [W[527]l < 0.001
~0.001 < [w[451]] < 0.001 ~0.001 < [w[528]] < 0.001
~0.001 < [w[452]] < 0.001 ~0.001 < [W[529]! < 0.001
~0.001 < [w[453]l < 0.001 ~0.001 < [w[530]] < 0.001
~0.001 < [w[454]| < 0.001 ~0.001 < [w[531]l < 0.001
~0.001 < [W[455]l < 0.001 ~0.001 < [w[532]l < 0.001
~0.001 < [W[456]] < 0.001 55 ~0.001 < [w[533]l < 0.001
~0.001 < [W[457]l < 0.001 ~0.001 < [w[534]l < 0.001
~0.001 < [w[458]] < 0.001 ~0.001 < [w[535]l < 0.001
~0.001 < [W[459]] < 0.001 ~0.001 < [W[536]l < 0.001
~0.001 < [W[460]] < 0.001 ~0.001 < [W[537]l < 0.001
~0.001 < [w[461]] < 0.001 ~0.001 < [w[538]] < 0.001
~0.001 < [W[462]] < 0.001 60 ~0.001 < [W[539]! < 0.001
~0.001 < [W[463]] < 0.001 ~0.001 < [w[540]| < 0.001
~0.001 < [w[464]] < 0.001 ~0.001 < [w[541]] < 0.001
~0.001 < [W[465]] < 0.001 ~0.001 < [w[542]l < 0.001
~0.001 < [W[466]] < 0.001 ~0.001 < [w[543]l < 0.001
~0.001 < [W[467]] < 0.001 ~0.001 < [w[544]| < 0.001
~0.001 < [W[468]] < 0.001 65 ~0.001 < [w[545]l < 0.001
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-0.001 < [w[432]1 < 0.001 -0.001 < [w[509] < 0.001
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—0.001 < Iw[547]! < 0.001 —0.001 < Iw[624]! < 0.001
—0.001 < Iw[548]1 < 0.001 5 —0.001 < Iw[625]1 < 0.001
—0.001 < Iw[549]1 < 0.001 —0.001 < Iw[626]! < 0.001
—0.001 < Iw[550]1 < 0.001 —0.001 < Iw[627]! < 0.001
—0.001 < Iw[551]1 < 0.001 —0.001 < Iw[628]! < 0.001
—0.001 < Iw[552]1 < 0.001 —0.001 < Iw[629]1 < 0.001
—0.001 < Iw[553]1 < 0.001 —0.001 < Iw[630]1 < 0.001
—0.001 < Iw[554]! < 0.001 10 —0.001 < Iw[631]1 < 0.001
—0.001 < Iw[555]! < 0.001 —0.001 < Iw[632]! < 0.001
—0.001 < Iw[556]! < 0.001 —0.001 < Iw[633] < 0.001
—0.001 < Iw[557]! < 0.001 —0.001 < Iw[634]! < 0.001
—0.001 < Iw[558]1 < 0.001 —0.001 < Iw[635]1 < 0.001
—0.001 < Iw[559]1 < 0.001 —0.001 < Iw[636]! < 0.001
—0.001 < Iw[560]1 < 0.001 15 —0.001 < Iw[637]! < 0.001
—0.001 < Iw[561]1 < 0.001 —0.001 < Iw[638]1 < 0.001
—0.001 < Iw[562]I < 0.001 —0.001 < Iw[639]1 < 0.001
—0.001 < Iw[563] < 0.001
~0.001 < Iw[564]1 < 0.001 . . o
—-0.001 < Iw[565] < 0.001 The invention claimed is:
—0.001 < 1w[566]! < 0.001 20 [1. An apparatus for generating audio subband values in
—0.001 < Iw[567]I < 0.001 dio subband ch 1 A
0,001 < Iw[568]1 < 0.001 audio subband channels, comprising: .
~0.001 < Iw[569]! < 0.001 an analysis windower for windowing a frame of time—
—0.001 < Iw[570]1 < 0.001 domain audio input samples being in a time sequence
—0.001 < Iw[571]I < 0.001 extending from an early sample to a later sample using
:8‘88} 2 :XE%}: 2 8‘88} 25 an analysis window function comprising a sequence of
~0.001 < Iw[574]l < 0.001 window coefficients to acquire windowed samples, the
—0.001 < Iw[575]l < 0.001 analysis window function comprising a first number of
—0.001 < 1w[576]! < 0.001 window coefficients derived from a larger window
—0.001 < Iw[577]! < 0.001 functi o fal y
0,001 < Iw[578]1 < 0.001 nction comprising a sequence of a larger secon
—0.001 < Iw[579]1 < 0.001 30 number of window coefficients,
—-0.001 < Iw[580] < 0.001 wherein the window coefficients of the window function
—0.001 < Iw[581]1 < 0.001 are derived by an interpolation of window coefficients
—0.001 < Iw[582]1 < 0.001 - .
0,001 < Iw[583]1 < 0.001 of the larger window function; and
~0.001 < Iw[584]l < 0.001 wherein the second number is an even number; and
—-0.001 < Iw[585] < 0.001 35 a calculator for calculating the audio subband values
—0.001 < 1w[586]! < 0.001 using the windowed samples.]
:8‘88} 2 :XEE;}: 2 8‘88} [2. The apparatus according to claim 1, wherein the
~0.001 < Iw[589]l < 0.001 apparatus is adapted to interpolating the window coefficients
—0.001 < Iw[590]I < 0.001 of the larger window function to acquire the window coef-
—0.001 < Iw[591] < 0.001 40 ficients of the window function.]
—0.001 < Iw[592]I < 0.001 . . .
0,001 < IW[593]I < 0.001 [3. The apparatus according to claim 1, wherein the
~0.001 < Iw[594]l < 0.001 apparatus or the analysis windower is adapted such that the
-0.001 < Iw[595] < 0.001 window coefficients of the window function are linearly
—8-88} < 'W[g%]' < 8-88} interpolated.]
:0‘001 2 ::{sgg: 2 0.001 45 [4. The apparatus according to claim 1, wherein the
~0.001 < Iw[599]l < 0.001 apparatus or the analysis windower is adapted such that the
—0.001 < Iw[600] < 0.001 window coefficients of the analysis window function are
—0.001 < 1w[601]I < 0.001 interpolated based on two consecutive window coefficients
:8‘88} 2 :X{ggg: 2 8‘88} of the larger window function according to the sequence of
~0.001 < Iw[604]l < 0.001 50 the window coefficients of the larger window function to
—-0.001 < Iw[605] < 0.001 acquire one window coefficient of the window function.]
—0.001 < Iw[606] < 0.001 [5. The apparatus according to claim 1, wherein the
—0.001 < Iw[607]! < 0.001 the analvsis wind i< adanted ire fh
~0.001 < IW[608]! < 0.001 apparatus or the analysis windower 1s a .apte. to acqulre.t e
~0.001 < Iw[609]! < 0.001 window coefficients c(n) of the analysis window function
—-0.001 < Iw[610] < 0.001 55 based on the equation
—0.001 < Iw[611]1 < 0.001
—0.001 < Iw[612]! < 0.001
—0.001 < Iw[613] < 0.001 1
—0.001 < Iw[614]! < 0.001 o) = 5@ +e@n+ D),
—0.001 < Iw[615]1 < 0.001
—0.001 < lw[616]] < 0.001 60
—0.001 < Iw[617]1 < 0.001 wherein n is an integer indicating an index of the window
—0.001 < 1w[618]I < 0.001 coefficients c(n), and c,(n) is a window coefficient of the
—0.001 < Iw[619]! < 0.001 larger window function.]
—0.001 < Iw[620]I < 0.001 . . .
~0.001 < Iw[621]1 < 0.001 [6. The apparatus according to claim 5, wherein the
—0.001 < Iw[622]1 < 0.001 65 apparatus or the analysis windower is adapted such that the
—0.001 < Iw[623]1 < 0.001 window coefficients c,(n) of the larger window function

obey the relations given in the table in Annex 4.]
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[7. The apparatus according to claim 1, wherein the
analysis windower is adapted such that windowing com-
prises multiplying the time—domain audio input samples
x(n) of the frame to acquire the windowed samples z(n) of
the windowed frame based on the equation

z{n)=x(n)-c{n)

wherein n is an integer indicating an index of the sequence
of window coefficients in the range of 0 to T-N—1, wherein
c(n) is the window coefficient of the analysis window
function corresponding to the index n, wherein x(N-T—1) is
the latest time—domain audio input sample of a frame of
time—domain audio input samples, wherein the analysis
windower is adapted such that the frame of time—domain
audio input samples comprises a sequence of T blocks of
time—domain audio input samples extending from the ear-
liest to the latest time—domain audio input samples of the
frame, each block comprising N time—domain audio input
samples, and wherein T and N are positive integers and T is
larger than 4.]

[8. The apparatus according to claim 1, wherein the
analysis windower is adapted such that the analysis window
function comprises a first group of window coefficients
comprising a first portion of the sequence of window coef-
ficients and a second group of window coefficients compris-
ing a second portion of the sequence of window coefficients,
wherein the first portion comprises less window coefficients
than the second portion, wherein an energy value of the
window coefficients in the first portion is higher than an
energy value of the window coefficients of the second
portion, and wherein the first group of window coefficients
is used for windowing later time—domain samples and the
second group of window coefficients is used for windowing
earlier time—domain samples.]

[9. The apparatus according to claim 1, wherein the
apparatus is adapted to using an analysis window function
being a time—reversed or index-reversed version of a syn-
thesis window function to be used for the audio subband
values.]

[10. The apparatus according to claim 1, wherein the
analysis windower is adapted such that the larger window
function is asymmetric with respect to the sequence of
window coefficients.]

[11. An apparatus for generating time—domain audio
samples, comprising:

a calculator for calculating a sequence of intermediate
time—domain samples from audio subband values in
audio subband channels, the sequence comprising ear-
lier intermediate time—domain samples and later time—
domain samples;

a synthesis windower for windowing the sequence of
intermediate time—domain samples using a synthesis
window function comprising a sequence of window
coefficients to acquire windowed intermediate time—
domain samples, the synthesis window function com-
prising a first number of window coefficients derived
from a larger window function comprising a sequence
of a larger second number of window coefficients,

wherein the window coefficients of the window function
are derived by an interpolation of window coefficients
of the larger window function; and

wherein the second number is even; and

an overlap-adder output stage for processing the win-
dowed intermediate time—domain samples to acquire
the time—domain samples.]

[12. The apparatus according to claim 11, wherein the

apparatus is adapted to interpolating the window coefficients
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of the larger window function to acquire the window coef-
ficients of the window function.]

[13. The apparatus according to claim 11, wherein the
apparatus is adapted such that the window coefficients of the
synthesis window function are linearly interpolated.]

[14. The apparatus according to claim 11, wherein the
apparatus is adapted such that the window coefficients of the
synthesis window function are interpolated based on two
consecutive window coefficients of the larger window func-
tion according to the sequence of window coefficients of the
larger window function to acquire one window coefficient of
the window function.]

[15. The apparatus according to claim 11, wherein the
apparatus is adapted to acquire the window coefficients c(n)
of the synthesis window function based on equation

cn) = %(Cz(Zn) +c2(2n+1)),

wherein c,(n) are window coefficients of a larger window
function corresponding to the index n.]

[16. The apparatus according to claim 15, wherein the
apparatus is adapted such that the window coefficient c,(n)
fulfill the relations given in the table in Annex 4.]

[17. The apparatus according to claim 11, wherein the
synthesis window is adapted such that the windowing com-
prises multiplying the intermediate time—domain samples
g(n) of the sequence of intermediate time—domain samples
to acquire the windowed samples z(n) of the windowed
frame based on the equation

z(n)=g(n)-c¢(T-N—1-n)

for n=0, . .., T-N-1.]

[18. The apparatus according to claim 11, wherein the
synthesis windower is adapted such that the synthesis win-
dow function comprises a first group of window coefficients
comprising a first portion of the sequence of window coef-
ficients and a second group of window coefficients compris-
ing a second portion of the sequence of window coefficients,
the first portion comprising less window coefficients than the
second portion, wherein an energy value of the window
coefficients in the first portion is higher than an energy value
of the window coefficients of the second portion, and
wherein the first group of window coefficients is used for
windowing later intermediate time—domain samples and the
second group of window coefficients is used for windowing
earlier intermediate time—domain samples.]

[19. The apparatus according to claim 11, wherein the
apparatus is adapted to using the synthesis window function
being a time—reverse or index-reversed version of an analy-
sis window function used for generating the audio subband
values.]

[20. The apparatus according to claim 11, wherein the
synthesis windower is adapted such that the larger window
function is asymmetric with respect to a sequence window
coefficients.]

[21. A method for generating audio subband values in
audio subband channels, comprising:

windowing, by an analysis windower, a frame of time—

domain audio input samples being in a time sequence
extending from an early sample to a later sample using
an analysis window function to acquire windowed
samples, the analysis window function comprising a
first number of window coefficients derived from a
larger window function comprising a sequence of a
larger second number of window coefficients,
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wherein the window coefficients of the window function
are derived by an interpolation by window coefficients
of the larger window function; and

wherein the second number is an even number; and

calculating, by a calculator, the audio subband values

using the windowed samples,

wherein at least one of the analysis windower and the

calculator comprises a hardware implementation.]
[22. A method for generating time-domain audio samples,
comprising:
calculating, by a calculator, a sequence of intermediate
time—-domain samples from audio subband values in
audio subband channels, the sequence comprising ear-
lier intermediate time—domain samples and later inter-
mediate time-domain samples;
windowing, by a synthesis windower, the sequence of
intermediate time—domain samples using a synthesis
window function to acquire windowed time-domain
samples, the synthesis window function comprising a
first number of window coeflicients derived from a
larger window function comprising a sequence of a
larger second number of window coefficients,

wherein the window coefficients of the window function
are derived by an interpolation of window coefficients
of the larger window function; and

wherein the second number is even; and

overlap-adding, by an overlap-adder output stage, the

windowed time-domain samples to acquire the time—
domain samples;

wherein at least one of the synthesis windower, the

calculator and the overlap-adder output stage com-
prises a hardware implementation.]

[23. A non-transitory storage medium having stored
thereon a program with a program code for executing a
method for generating audio subband values in audio sub-
band channels, the method comprising:

windowing a frame of time-domain audio input samples

being in a time sequence extending from an early
sample to a later sample using an analysis window
function to acquire windowed samples, the analysis
window function comprising a first number of window
coeflicients derived from a larger window function
comprising a sequence of a larger second number of
window coeflicients,

wherein the window coefficients of the window function

are derived by an interpolation by window coefficients
of the larger window function; and

wherein the second number is an even number; and

calculating the audio subband values using the windowed

samples,
when running on a processor.]

[24. A non-transitory storage medium having stored
thereon a program with a program code for executing a
method for generating time—-domain audio samples, the
method comprising:

calculating a sequence of intermediate time—domain

samples from audio subband values in audio subband
channels, the sequence comprising earlier intermediate
time-domain samples and later intermediate time-—
domain samples;

windowing the sequence of intermediate time-domain

samples using a synthesis window function to acquire
windowed time-domain samples, the synthesis win-
dow function comprising a first number of window
coeflicients derived from a larger window function
comprising a sequence of a larger second number of
window coeflicients,
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wherein the window coefficients of the window function
are derived by an interpolation of window coefficients
of the larger window function; and

wherein the second number is even; and

overlap-adding the windowed time-domain samples to

acquire the time—domain samples,
when running on a processor.]

25. A method for generating audio subband values in
audio subband channels, comprising:

windowing, by an analysis windower, a frame of time-

domain audio input samples being in a time sequence
extending from an early sample to a later sample using
an analysis window function to acquirve windowed
samples, the analysis window function comprising a
first number of window coefficients derived from a
larger window function comprising a sequence of a
larger second number of window coefficients,

wherein the window coefficients of the window function

are derived by an interpolation by window coefficients
of the larger window function; and

wherein the second number is an even number; and

calculating, by a calculator, the audio subband values

using the windowed samples,

wherein the method or the analysis windower is adapted

such that the window coefficients of the analysis win-
dow function are interpolated based on two consecutive
window coefficients of the larger window function
according to the sequence of the window coefficients of
the larger window function to acquire one window
coefficient of the window function.

26. A non-tramsitory storage medium having stored
thereon a program with a program code for executing a
method for generating audio subband values in audio sub-
band channels, the method comprising:

windowing a frame of time-domain audio input samples

being in a time sequence extending from an early
sample to a later sample using an analysis window
function to acquire windowed samples, the analysis
window function comprising a first number of window
coefficients derived from a larger window function
comprising a sequence of a larger second number of
window coefficients,

wherein the window coefficients of the window function

are derived by an interpolation by window coefficients
of the larger window function; and

wherein the second number is an even number; and

calculating the audio subband values using the windowed

samples,

wherein the method is adapted such that the window

coefficients of the analysis window function are inter-
polated based on two consecutive window coefficients
of the larger window function according to the
sequence of the window coefficients of the larger win-
dow function to acquire one window coefficient of the
window function, when running on a processor.

27. The method according to claim 25, wherein the
method or the analysis windower is adapted to acquire the
window coefficients c(n) of the analysis window function
based on the equation

c(m)=1/2(c,(2n)+c,(2n+1)),

wherein n is an integer indicating an index of the window

coefficients c(n), and c,(n) is a window coefficient of the
larger window function.

28. The method according to claim 25, wherein the

method or the analysis windower is adapted such that the
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window coefficients c,(n) of the larger window function obey
the relations given in the table in Annex 4.

29. The method according to claim 25, wherein the
analysis windower is adapted such that the analysis window
function comprises a first group of window coefficients
comprising a first portion of the sequence of window coef-
ficients and a second group of window coefficients compris-
ing a second portion of the sequence of window coefficients,
wherein the first portion comprises less window coefficients
than the second portion, wherein an energy value of the
window coefficients in the first portion is higher than an
energy value of the window coefficients of the second por-
tion, and wherein the first group of window coefficients is
used for windowing later time-domain samples and the
second group of window coefficients is used for windowing
earlier time-domain samples.

30. The method according to claim 25, wherein the
method is adapted to using an analysis window function
being a time-reversed or index-reversed version of a syn-
thesis window function to be used for the audio subband
values.

31. The method according to claim 25, wherein the
analysis windower is adapted such that the larger window
function is asymmetric with respect to the sequence of
window coefficients.
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