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(57) Abstract: A method of performing quadrature mirror filter (QMF) synthesis filtering includes recording new samples corres-
ponding to a current time slot at positions of samples to be discarded in a first array that includes modulated QMF sub-band samples.

wo 2015/065002 A1 [N I PFV 00O 00 Y R 0O

The method further includes extracting samples from the first array to remove aliasing between adjacent sub-bands, determining fil -
ter coefticients corresponding to the extracted samples by using modulo operation, and synthesizing a time domain sample where ali-
asing is removed by using the extracted samples and the filter coefficients.
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Description
Title of Invention: METHOD AND APPARATUS FOR
QUADRATURE MIRROR FILTERING CROSS-REFERENCE TO

RELATED APPLICATIONS
Technical Field

[1] One or more embodiments disclosed herein relate to a method and apparatus for
performing analysis filtering or synthesis filtering using a quadrature mirror filter
(QMF) bank.

Background Art

[2] A digital audio coding method is a very important factor not only in the field of
mobile devices but also in the field of home audio systems. Among audio coding al-
gorithms according to ISO MPEG audio standards, MPEG layer-3 (MP3) may be used
for broadcasting and multimedia contents. AAC, HE-AAC v1, and HE-AAC v2, for
example, are improvements of MP3 which provide high quality music at a relatively
less bit rate. According to an MPEG surrounding coding method that provides mul-
tichannel, consumers may experience not only high quality sound but also live and
vivid multichannel sound. Recently, HE-AAC that is included in Dolby Pulse and
MS10 is widely being used as a home audio coding method. The above-described
sound coding methods all use QMF-based sub-band coding technique. Since a human's
hearing system recognizes sound based on a frequency of an audio signal, the QMF-
based sub-band coding technique is very effective in compression of audio and sound
signals. However, the QMF-based sub-band coding requires a burden of a considerable

amount of calculation to achieve its effectiveness.

Disclosure of Invention

Technical Problem

[3] The QMF-based sub-band coding requires a burden of a considerable amount of cal-
culation to achieve its effectiveness.
Solution to Problem

(4] One or more embodiments disclosed herein include a method and apparatus for
reducing the complexity of quadrature mirror filter (QMF) filtering and quickly
performing QMEF filtering.
Advantageous Effects of Invention

[5] An encoding method may be used in which resources are efficiently allotted such
that a band signal in a high frequency range that is relatively less sensitive to a human

ear is expressed by a relatively small number of bits and a band signal in a low
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frequency range that is relatively very sensitive to the human ear is expressed by a
relatively large number of bits, thereby reducing the number of encoded bits.
Brief Description of Drawings

These and/or other aspects will become apparent and more readily appreciated from
the following description of the embodiments, taken in conjunction with the ac-
companying drawings in which:

FIG. 1 illustrates a QMF filtering system according to an embodiment of the
disclosure;

FIG. 2 schematically illustrates a comparison between a QMF synthesis filtering
method according to an embodiment of the disclosure and a conventional method;

FIG. 3 is a flowchart for explaining a QMF synthesis filtering algorithm;

FIG. 4 describes a process of recording a sample array;

FIG. 5 describes filter coefficients and samples extracted according to the algorithm
of FIG. 4;

FIG. 6 describes a QMF synthesis filtering method according to an embodiment of
the disclosure;

FIG. 7 describes a QMF synthesis filtering method according to an embodiment of
the disclosure;

FIG. 8 describes a process of recording a sample array according to an embodiment
of the disclosure;

FIG. 9 describes a process of extracting a sample from a sample array according to
an embodiment of the disclosure;

FIG. 10 illustrates a filter coefficient array according to an embodiment of the
disclosure;

FIG. 11 describes a process of selecting a filter coefficient according to an em-
bodiment of the disclosure;

FIG. 12 describes filter coefficients and samples extracted according to an em-
bodiment of the disclosure;

FIG. 13 is a flowchart for explaining a QMF synthesis filtering method according to
an embodiment of the disclosure;

FIG. 14 is a flowchart for explaining a method of recording a sample array according
to an embodiment of the disclosure;

FIG. 15 is a flowchart for explaining a method of recording a sample array according
to an embodiment of the disclosure;

FIG. 16 is a flowchart for explaining a method of extracting a sample from a sample
array according to an embodiment of the disclosure;

FIG. 17 is a flowchart for explaining a method of extracting a sample from a sample
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array according to an embodiment of the disclosure;
FIG. 18 is a flowchart for explaining a method of selecting a filter coefficient

according to an embodiment of the disclosure;

FIG. 19 is a flowchart for explaining a method of synthesizing a time domain sample
according to an embodiment of the disclosure; and

FIG. 20 is a block diagram of a synthesis filtering apparatus according to an em-
bodiment of the disclosure.

Best Mode for Carrying out the Invention

One or more embodiments disclosed herein include a method and apparatus for
reducing the complexity of quadrature mirror filter (QMF) filtering and quickly
performing QMEF filtering.

Additional aspects will be set forth in part in the description which follows and, in
part, will be apparent from the description, or may be learned by practice of the
disclosed embodiments.

According to one or more embodiments of the disclosure, a method of performing
quadrature mirror filter (QMF) synthesis filtering may include recording new samples
corresponding to a current time slot at positions of samples to be discarded in a first
array that comprises modulated QMF sub-band samples, extracting samples from the
first array to remove aliasing between adjacent sub-bands, determining filter coef-
ficients corresponding to extracted samples by using modulo operation, and syn-
thesizing a time domain sample where aliasing is removed by using the extracted
samples and the filter coefficients.

Recording positions of the new samples corresponding to the current time slot may
be determined by modulo-operating sample recording positions in a previous time slot.
New samples may be recorded at positions offset from the sample recording position in
a previous time slot by N-number of the new samples. When the sample recording
position in the previous time slot is a start of the first array, the new samples may be
recorded from a last N-th position of the first array. Recording of the new samples in
the first array may include generating N-number of real-number samples corre-
sponding to K-number of sub-bands by inversely transforming K-number of complex
sub-band samples that are transformed to a baseband, and recording the N-number of
real-number samples at the positions of the samples to be discarded.

Positions of the samples to be extracted may be determined according to whether the
current time slot is an even number or an odd number. Positions of the samples
extracted from the first array when the current time slot is an even number, and
positions of the samples extracted from the first array when the current time slot is an

odd number, may be mutually exclusive. When the first array is divided into a plurality
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of sections, with respect to a natural number n, samples may be extracted in (4n-3)th
and 4n-th sections when the current time slot is an even number and samples may be
extracted in (4n-2)th and (4n-1)th sections when the current time slot is an odd
number.

The determining of the filter coefficients may include performing a modulo operation
by using the current time slot and a degree of a synthesis filter, and selecting the filter
coefficients from a second array based on a result of the modulo operation. An
identical filter coefficient may be recorded twice in the second array and positions
where the identical filter coefficient is recorded may be separated from each other by a
degree of the synthesis filter. Positions of filter coefficients selected from the second
array may be shifted by 1 from the positions of the filter coefficients selected from a
previous time slot.

The time domain sample may be synthesized by accumulating results of multi-
plications of the extracted samples and the determined filter coefficients. Recording,
extracting, determining, and synthesizing may be recursively performed according to a
change in the time slot.

According to one or more embodiments of the disclosure, a method of performing
quadrature mirror filter (QMF) synthesis filtering may include recording new samples
in a first array by circulating sample recording positions in the first array according to
a change in a time slot, determining positions of samples to be extracted from the first
array considering the circulation of the sample recording positions, and synthesizing a
time domain sample with respect to a current time slot based on samples extracted at
the determined positions.

The recording of the new samples in the first array may include determining whether
a position of a leading sample of N-number of samples recorded in the first array in a
previous time slot is a start of the first array, and if the position of the leading sample
in the previous time slot is the start of the first array, recording the new samples from
an N-th position of a last position of the first array. If the position of the leading
sample in the previous time slot is not the start of the first array, the new samples may
be recorded from a position decreased by N from the position of the leading sample.

In the determining of the positions of the samples to be extracted from the first array,
the positions are determined such that samples are extracted from positions other than
the positions where the samples are extracted in a previous time slot. In the de-
termining of the positions of the samples to be extracted from the first array, the
positions of the samples to be extracted may be determined according to whether the
current time slot is an even number or an odd number.

The method may further include selecting coefficients corresponding to the samples

extracted from a second array where filter coefficients are recorded. In each of M-
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number of groups obtained by dividing the extracted samples by a predetermined
interval, a first filter coefficient and a second filter coefficient respectively corre-
sponding to an n-th sample and an (n+1)th sample may be separated by 2M from each
other in the second array. In the selecting of the coefficients in the second array, a co-
efficient to an n-th sample of an m-th group of the M-number of groups may be
selected at a position obtained by summing 2*M*(n-1) + m-1 and a remainder of
dividing a current time slot by M.

According to one or more embodiments of the disclosure, a method of performing
quadrature mirror filter (QMF) synthesis filtering may include recording modulated
sub-band samples in a recording section having a size of N that circulates in a first
array having a size of M*N according to a change in a time slot, selecting a prede-
termined (e.g., M*N/2) number of filter coefficients in a second array having a size of
M*N where each of a predetermined (e.g., N) number of coefficient groups having
consecutive M-number of filter coefficients as one group is consecutively recorded
twice, and synthesizing a time domain sample with respect to a current time slot by
using the predetermined (e.g., M*N/2) number of samples extracted from the first
array and the (e.g., M*N/2) number of filter coefficients selected from in the second
array. M and N may be a positive number or integer, greater than zero, for example.
For example, M and N may be a counting number.

M may correspond to a degree of a synthesis filter and N may be double the number
of QMF sub-bands.

In the recording of the modulated sub-band samples, if a position i of a leading
sample of the samples recorded in the first array in a previous time slot is 0, the
modulated sub-band samples may be recorded from a position [(M-1*N)], and if the
position i of the leading sample of the samples recorded in the first array in the
previous time slot is not 0, the modulated sub-band samples may be recorded from a
position [i-N].

In the selecting of the filter coefficients, the filter coefficients may be selected at a
position [m+2*M*n +MOD(I,M)] of the second array, where m is an integer greater
than or equal to 0 and less than M, n is an integer greater than or equal to 0 and less
than N/2, 1 is the current time slot, and MOD is a modulo operation.

The method may further include extracting (M*N/2) number of samples from the
first array, wherein, if the current time slot is an odd number, the (M*N/2) number of
samples may be extracted at a position [2*N*n+k+N/2] of the first array, where k is an
integer greater than or equal to 0 and less than N, and n is an integer greater than or
equal to 0 and less than N/2.

The method may further include extracting samples from the first array and storing

the extracted samples in a third array, wherein the second array is twice the size of the
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third array and the first array.

According to one or more embodiments of the disclosure, a non-transitory computer
readable recording medium may have recorded thereon one or more programs for
executing any of the methods disclosed herein.

According to one or more embodiments of the disclosure, an apparatus for
performing quadrature mirror filter (QMF) synthesis filtering may include a memory
storing a first array where modulated samples of a sub-band signal are recorded and a
second array where filter coefficients are recorded, a modulation unit (modulator)
modulating samples of a sub-band signal to k-number of sub-bands in a baseband and
storing the modulated samples in the first array, and a synthesis filter extracting
samples from the first array to remove aliasing between adjacent sub-bands, selecting
from a second array filter coefficients corresponding to extracted samples by using a
modulo operation, and synthesizing a time domain sample by using the extracted
samples and selected filter coefficients, in which the modulation unit records new
samples modulated corresponding to a current time slot by circulating sample
recording positions in the first array according to a change in a time slot.

The synthesis filter may determine positions of samples to be extracted from the first
array according to whether the current time slot is an even number or an odd number.
An identical filter coefficient may be recorded twice in the second array, and positions
where the identical filter coefficient are recorded may be separated from each other by
a degree of the synthesis filter. The apparatus may further include a decoder that
decodes an encoded multichannel bitstream and outputs a signal of the sub-band.

According to one or more embodiments of the disclosure, a method of performing
quadrature mirror filter (QMF) synthesis filtering may include recording, at positions
of a first section of a first array of modulated QMF sub-band samples, new samples
corresponding to a current time slot, the positions of the first section including samples
which are to be discarded, extracting samples from the first array, determining filter
coefficients corresponding to the extracted samples, and synthesizing a time domain
sample by using the extracted samples and the filter coefficients. The new samples are
recorded at the positions of the first section and the samples are discarded from the
first section, for example, simultaneously, without shifting samples located in
remaining sections of the first array which define the first array.

As a value of a time slot increases, new samples may be recorded in a second section
of the first array, the second section being adjacent to a third section in which samples
were recorded in a time slot previous to a time slot in which the new samples are
recorded in the second section.

Samples may be extracted from the first array by selecting sections in a first time slot

which are different from sections selected in a second time slot, from which to extract
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samples from the first array.
Filter coefficients may be determined for a first time slot by selecting filter coef-

ficients from a first group of filter coefficients and for a second time slot following the
first time slot by selecting filter coefficients from a second group of filter coefficients
and selecting a portion of filter coefficients from the first group of filter coefficients.
The first group of filter coefficients and second group of filter coefficients may be

identical.

Mode for the Invention

Reference will now be made in detail to embodiments, examples of which are il-
lustrated in the accompanying drawings, wherein like reference numerals refer to like
elements throughout. In this regard, the disclosed embodiments may have different
forms and should not be construed as being limited to the descriptions set forth herein.
Accordingly, the embodiments are merely described below, by referring to the figures,
to explain aspects of the disclosure. As used herein, the term "and/or" includes any and
all combinations of one or more of the associated listed items. Expressions such as "at
least one of," when preceding a list of elements, modify the entire list of elements and
do not modify the individual elements of the list.

FIG. 1 illustrates a QMF filtering system 1 according to an embodiment of the
disclosure. Referring to FIG. 1, the QMEF filtering system 1 may include an analysis
filter bank 101, an encoder 102, a decoder 111, and a synthesis filter bank 112. The
analysis filter bank 101 and the encoder 102 constitute an analysis filtering device 10,
whereas the decoder 111 and the synthesis filter bank 112 constitute a synthesis
filtering device 11. The analysis filtering device 10 and the synthesis filtering device
11 may be independent devices.

The analysis filter bank 101 may perform analysis filtering on a voice signal X of an
input time domain and outputs K-number of sub-band signals SO~K-1 103. The
encoder 102 may encode one or more of the sub-band signals SO~K-1 and output a
bitstream. In doing so, an encoding method may be used in which resources are ef-
ficiently allotted such that a band signal in a high frequency range that is relatively less
sensitive to a human ear is expressed by a relatively small number of bits and a band
signal in a low frequency range that is relatively very sensitive to the human ear is
expressed by a relatively large number of bits, thereby reducing the number of encoded
bits.

The decoder 111 may receive the encoded bitstream and perform a reverse process of
an encoding process, and thus generate sub-band signals S'0~K-1 113 that are very
similar to the sub-band signals SO~K-1 before being encoded. The reason for the sub-
band signals SO~K-1 and the signals S’0~K-1 not being identical is that the sub-band
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signals SO~K-1 are compressed by removing signal components that are not important
to a human hearing system in the encoding process by the encoder 102. The synthesis
filter bank 112 may perform synthesis filtering on each of the sub-band signals
S’0~K-1 to transform each of the sub-band signals S’'0~K-1 to a signal Y of a time
domain that may be heard by a human. The encoder 102 and the decoder 111 may
employ a variety of methods according to the type of codecs implemented. In the
following description, a QMF analysis or synthesis filtering process will be mainly
discussed.

FIG. 2 schematically illustrates a comparison between a QMF synthesis filtering
method according to an embodiment of the disclosure and a conventional method.
Since FIG. 2 schematically illustrates a concept for comparison with the conventional
method, detailed embodiments of the disclosure may be understood by referring to the
following descriptions.

A synthesis filter bank 20 at the left illustrates a conventional synthesis filtering
method, whereas a synthesis filter bank 21 at the right illustrates a synthesis filtering
method according to an embodiment of the disclosure. In the synthesis filtering method
according to the synthesis filter bank 20, modulation 201, filtering 202, and memory
update 203 may be recursively performed.

In the synthesis filtering method according to the synthesis filter bank 21 in the right
according to an embodiment of the disclosure, although modulation 211 and the
filtering 212 are recursively performed, memory update may not be performed. In
order to omit the memory update, the modulation 201 and the filtering 202 may be
newly defined to be the modulation 211 and the filtering 212, which will be described
below in detail. To check an amount of calculation according to the memory update
203 in the conventional synthesis filtering method, an operation of the convention
synthesis filter bank 20 is first discussed below.

In a process of the modulation 201, each of the sub-band signals S’0~K-1 that is
transformed to a baseband is band-shifted to the original frequency band. A modulated
sample of each of the sub-band signals S’0~K-1 is recorded in a sample array V that
may be expressed by Equation 1.

Reference will now be made in detail to embodiments, examples of which are il-
lustrated in the accompanying drawings, wherein like reference numerals refer to like
elements throughout. In this regard, the disclosed embodiments may have different
forms and should not be construed as being limited to the descriptions set forth herein.
Accordingly, the embodiments are merely described below, by referring to the figures,
to explain aspects of the disclosure. As used herein, the term "and/or" includes any and
all combinations of one or more of the associated listed items. Expressions such as "at

least one of," when preceding a list of elements, modify the entire list of elements and
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do not modify the individual elements of the list.

FIG. 1 illustrates a QMF filtering system 1 according to an embodiment of the
disclosure. Referring to FIG. 1, the QMEF filtering system 1 may include an analysis
filter bank 101, an encoder 102, a decoder 111, and a synthesis filter bank 112. The
analysis filter bank 101 and the encoder 102 constitute an analysis filtering device 10,
whereas the decoder 111 and the synthesis filter bank 112 constitute a synthesis
filtering device 11. The analysis filtering device 10 and the synthesis filtering device
11 may be independent devices.

The analysis filter bank 101 may perform analysis filtering on a voice signal X of an
input time domain and outputs K-number of sub-band signals SO~K-1 103. The
encoder 102 may encode one or more of the sub-band signals SO~K-1 and output a
bitstream. In doing so, an encoding method may be used in which resources are ef-
ficiently allotted such that a band signal in a high frequency range that is relatively less
sensitive to a human ear is expressed by a relatively small number of bits and a band
signal in a low frequency range that is relatively very sensitive to the human ear is
expressed by a relatively large number of bits, thereby reducing the number of encoded
bits.

The decoder 111 may receive the encoded bitstream and perform a reverse process of
an encoding process, and thus generate sub-band signals S'0~K-1 113 that are very
similar to the sub-band signals SO~K-1 before being encoded. The reason for the sub-
band signals SO~K-1 and the signals S’0~K-1 not being identical is that the sub-band
signals SO~K-1 are compressed by removing signal components that are not important
to a human hearing system in the encoding process by the encoder 102. The synthesis
filter bank 112 may perform synthesis filtering on each of the sub-band signals
S’0~K-1 to transform each of the sub-band signals S’'0~K-1 to a signal Y of a time
domain that may be heard by a human. The encoder 102 and the decoder 111 may
employ a variety of methods according to the type of codecs implemented. In the
following description, a QMF analysis or synthesis filtering process will be mainly
discussed.

FIG. 2 schematically illustrates a comparison between a QMF synthesis filtering
method according to an embodiment of the disclosure and a conventional method.
Since FIG. 2 schematically illustrates a concept for comparison with the conventional
method, detailed embodiments of the disclosure may be understood by referring to the
following descriptions.

A synthesis filter bank 20 at the left illustrates a conventional synthesis filtering
method, whereas a synthesis filter bank 21 at the right illustrates a synthesis filtering
method according to an embodiment of the disclosure. In the synthesis filtering method

according to the synthesis filter bank 20, modulation 201, filtering 202, and memory
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update 203 may be recursively performed.

In the synthesis filtering method according to the synthesis filter bank 21 in the right
according to an embodiment of the disclosure, although modulation 211 and the
filtering 212 are recursively performed, memory update may not be performed. In
order to omit the memory update, the modulation 201 and the filtering 202 may be
newly defined to be the modulation 211 and the filtering 212, which will be described
below in detail. To check an amount of calculation according to the memory update
203 in the conventional synthesis filtering method, an operation of the convention
synthesis filter bank 20 is first discussed below.

In a process of the modulation 201, each of the sub-band signals S’0~K-1 that is
transformed to a baseband is band-shifted to the original frequency band. A modulated
sample of each of the sub-band signals S’0~K-1 is recorded in a sample array V that
may be expressed by Equation 1.

[Equation 1]

K-l
V=) 8 fi,n 0<n<N
k=0

In Equation 1, K denotes the total number of sub-bands, 1 denotes a time slot index, n
denotes a sample number, N denotes the total number of newly modulated samples
with respect to the time slot 1, and S’k,l denotes a sub-band sample of the time slot I in
the k sub-band signal. For example, N may equal Kx2. To prevent confusion in ter-
minology, it is defined that the terms "sub-band sample"”, "sub-sample”, or "sample of
sub-band signal” are all indicated by S’k,1 , and the term "sample" signifies or cor-
responds to a sub-band sample V[n] that is modulated according to Equation 1. Unless
defined otherwise, the above variables are used in the same way in the following de-
scriptions.

fk,n is an inverse discrete cosine transform (IDCT) function and a variety of methods

may be used according to the type of codecs. For example, fk,n may be expressed by

Equation 2.
[Equation 2]
; L iome(k+0.5)-(2n-2N-1)
=—-€X
o g 2K

The filtering 202 may signify or correspond to band pass filtering that removes
aliasing between adjacent sub-bands in the sample array V while leaving a k sub-band

signal only. The band pass filtering may be defined by Equations 3 and 4.
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[Equation 3]

V[2Nn+k], where 0<k<N/2

g[Nn+k]=
V[2Nn+k+N], where N/2<k<N

Equation 3 signifies or corresponds to a process of extracting a sample from the
sample array V. When N/2-number of samples in the sample array V is one group, N-
number of samples are extracted from the first to fourth sample groups according to
Equation 3. Samples are extracted from other sample groups of the sample array V in a
similar manner to Equation 3. The samples extracted from the sample array V are
recorded in an extraction array g.

[Equation 4]

M-1

U Zg[Nm/ZJrn]-c[m +Mn), where 0<n<N/2

m=0

Equation 4 signifies or corresponds to a process of accumulating results of additions
of the extracted samples and filter coefficients and synthesizing a time domain sample
with respect to the time slot 1. In Equation 4, ¢ denotes a filter coefficient array that
stores filter coefficients. The filter coefficient may be referred to as a window co-
efficient. M denotes a degree of the filtering 202. For example, the filtering 202 may
be performed by using a finite impulse response (FIR) filter and M may denote a
degree of the FIR filter. When N is 128, a total 64 of time domain samples may be syn-
thesized. A result of synthesis is stored in the array y.

When the filtering 202 with respect to the time slot 1 is completed, the memory
update 203 is performed to perform the modulation 201 and the filtering 202 with
respect to a next time slot 141. The memory update 203 may be defined by Equation 5.

[Equation 5]

Vin|=FIn-N1, where N<n<V-M

According to Equation 5, N*(M-1) number of samples are shifted by N in the sample
array V. Here, a sign "*" denotes a multiplication operation. Read and write is each
performed one time for one-time shifting of one sample. According to the memory
update 203, samples recorded at positions [(M-1)N] to [MN-1] before update are
discarded and samples recorded at positions [(M-2)N] to [(M-1)N-1] are shifted to the
positions of the discarded samples. In the following descriptions, for convenience, the
positions [0] to [N] are indicated to be [0~N].

When the memory update 203 is completed, the modulation 201 and the filtering 202
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are recursively performed with respect to the next time slot 1+1.

FIG. 3 is a flowchart for explaining a QMF synthesis filtering algorithm. FIG. 3 il-
lustrates a QMF synthesis filtering algorithm when a degree of a filter is 10 (M=10)
and the numbers of sub-bands are 64 and the number of new samples are 128 (K=64,
where N=2*K=128). Referring to FIG. 3, operations A301, A302-A304, and A305 re-
spectively denote the modulation 201, the filtering 202, and the memory update 203.

In operation A301, new samples are recorded in V[0~127]. X[k][I] corresponds to
S’k,l of Equation 1. In other words, a sub-band sample X[k][1] signifies a sample to the
1-th time slot of the k-th sub-band signal. In operation A301, new samples are
generated by modulating X[k][1] and recorded in V[0~127].

In a section where new samples are recorded in operation A301 with reference to
FIG. 4, when 1=0, new samples are recorded in a section 400. When I=1, new samples
are recorded in a section 401, and when 1=M, new samples are recorded in a section
402. Accordingly, new samples are always recorded in V[0~127].

As illustrated in FIG. 4, according to a conventional technology, in the sample array
V, a section 40 where new samples are recorded and a section 41 (see also section 410)
where existing samples are discarded are always maintained regardless of a change of
a time slot. This is because the samples existing in the section 42 (see also section 420)
are shifted by N.

In operation A302, six hundred and forty (640) samples are extracted and recorded in
the extraction array g. The operation A302 is a process corresponding to Equation 3.

Referring to FIG. 4, samples extracted from the sample array V are illustrated by
shading. In other words, when 1=0, M-number (e.g., ten) of sample groups V2M-1,
V2M-4, V2M-5, V2M-8, V2M-9, ..., V4, V3, and VO are extracted. Each sample
group includes 64 samples. Also, when I=1, M-number of sample groups V2M+1,
V2M-2, V2M-3, V2M-6, V2M-7, ..., V6, V5, and V2 are extracted. Consequently,
when the time slot is changed, values of the extracted samples are changed, but the
positions [0~N/2-1][3N/2~5N/2-1]...[MN-N/2~MN-1] of the extracted samples are not
changed. Accordingly, samples are always extracted in the same section regardless of
the time slot.

In operation A303, the extracted samples and filter coefficients are multiplied by
each other and results thereof are recorded in a filter array w. In operation A304, sixty
four (64) time domain samples are output by accumulating the filter array w. The op-
erations A303 and A304 are processes corresponding to Equation 4.

The operations A303 and A304 are discussed with reference to FIGS. 4 and 5. FIG. 5
exemplarily illustrates a result of Equation 4. FIG. 5 illustrates part of a result of
Equation 4 starting from (1=0, n=0, m=0) to (1=0, n=0, m=1) ... (I=0, n=0, m=9), (1=0,
n=1, m=0), (1=0, n=1, m=1) ...(1=0, n=63, m=9), and (I=1, n=0, m=0), in order. For
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example, in Equation 4, m may be a variable of the lowermost routine and 1 may be a
variable of the uppermost routine. Equation 4 may be easily understood by referring to
FIG. 5, in which the position of a filter coefficient increases by +1 according to m
when n is identical. Also, the filter coefficient increases by +M according to an
increase in n when m is identical. As can be seen, a change in the time slot 1 does not
affect the position of the filter coefficient.

The result shown in FIG. 5 is described with reference to FIG. 4. The shaded co-
efficient groups are samples extracted from the sample array V and signify the ex-
traction array g in Equation 4. Arrows in FIG. 4 indicate filter coefficients. A
movement of the arrow in the horizontal direction at the same height denotes a change
in the value m. Also, a movement of the arrow in the vertical direction denotes a
change in the value n. It can be seen that the positions of the filter coefficients
multiplied by the extracted samples are maintained without a change in spite of a
change in the time slots from 1=0 to 1=M.

In operation A305, the samples recorded at positions [1151~128] are sequentially
shifted. Referring to FIG. 4, as the time slot is changed from 1=0 to 1=1, two sample
groups VO and V1 existing in the sample array V[(M-1)N ~ MN-1] are discarded.
According to the shifting, two sample groups V2 and V3 existing in V[(M-2)N ~
(M-1)N-1] are recorded in V[(M-1)N ~ MN-1].

According to the operation A305, the positions of the discarded samples are always
fixed to be constant with respect to all time slot changes. In other words, the samples
located in [(M-1)N ~ MN-1] are always discarded.

According to the operation A305, (M-1)N times of memory reads and writes are
performed to shaft (M-1)N-number of samples. For example, when read and write are
respectively performed at 4 cycles and 6 cycles in a processor, the above process is
performed at 10(M-1)N cycles. For an actual standard codec such as HE-AAC v2,
Dolby Pulse, or MS10 DDT, since M is 10 and N is 128, the cycle for the memory
update process for each channel is 368640 (10*9*128%32). Accordingly, a minimum
of 17 Mcycle is needed for a case of stereo and 51.84 Mcycle is needed for a case of
5.1 surround channel. To see a rate of the above calculation amount to the total cal-
culation amount, for a decoder of HE-AAC v2, for example, a cycle for the memory
update of a filter takes about 32% of the total calculation amount and about 55% in the
QMF filtering process only.

As described below, a modulo addressing method is used for storing input data in a
memory so that the memory update process may be omitted in the disclosed em-
bodiments, and also, the filtering process is reconfigured or modified to accommodate
the above method so that complexity in the memory update is removed.

FIG. 6 describes a QMF synthesis filtering method according to an embodiment of
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the disclosure. Unless mentioned otherwise, the embodiments of synthesis filtering
methods described below may be understood as the operation of the synthesis filtering
device 11 according to an embodiment of the disclosure.

First, when the time slot I is O (I=0), N-number of new samples corresponding to the
time slot I that is O (1=0) are recorded in the section 600 of the sample array V. When
the time slot 1 is changed to 1 (1=1), samples located in a section 610 are discarded and
simultaneously N-number of new samples are recorded at section 601 which cor-
responds to section 610 and occupies the same positions of the discarded samples. In
other words, the sample groups V0,1 located at the positions [M(N-1)~MN-1] are
discarded and simultaneously the sample groups V2M,2M+1 are recorded at the
positions [M(N-1)~MN-1]. Accordingly, it may be understood that the discarded
samples are replaced with new samples corresponding to the current time slot 1 that is 1
(1=1) according to the time slot change. In other words, new samples corresponding to
the current time slot are recorded at the positions of the discarded samples in an
overwrite method. Unlike the conventional method, in the present embodiment, the
samples located in a section 620 are not shifted. When the sample arrays V at 1=0 and
1=1 are compared with each other, it may be seen that the sample groups V2 to V2M-1
are maintained without a change.

In the example embodiment, since new samples are recorded without shifting of
samples, the memory update 203 according to Equation 5 and the operation 305 may
be omitted.

When the time slot 1 is 2 (1=2), the sample groups V2,3 existing in a section 611 are
discarded and simultaneously sample groups V2M+2, 2M+3 are recorded. When the
time slot 1 is M (1=M), the sample groups existing in a section 603 are discarded and si-
multaneously sample groups V4M-1, 4M-2 are recorded at section 602 which cor-
responds to section 611.

According to a sample recording method according to the example embodiment,
sample recording sections in the sample array V are circulated according to a change in
the time slot. Since the recording sections are circulated, the sample array V of the
disclosure operates similarly to a circular array 80 of FIG. 8.

Referring to the circular array 80 of FIG. 8, the size of the circular array 80 cor-
responds to MN and may be divided into a total M-number of sections (e.g., ten). The
size of each section is N (e.g., 128). A start position [0] and a last position [MN] (e.g.,
1280) of the circular array 80 are regarded to be the same position. When the time slot
1 is 0 (1=0), N-number of samples are recorded in a section 811. When the time slot 1 is
I (I=1), N-number of samples are recorded in a section 812. When the time slot 1 is 2
(1=2), N-number of samples are recorded in a section 813. Accordingly, as the time slot

is changed, the recording section is circulated in a direction indicated by a dashed line.
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In the example embodiment, a recording position of a leading sample may be used for
a method of identifying a recording section. The leading sample refers to a sample that
is first recorded among the samples recorded in one recording section. For example,
when 1=0, the recording position of a leading sample 821 is [0] and (N-1) number of
samples (e.g., 127) following the leading sample 821 are sequentially recorded in
recording positions [1~N-1], (e.g, 0, then 1, 2, 3 to 127). The direction in which the
samples are recorded is indicated by the arrow that is indicated by a solid line. Ac-
cordingly, the direction in which the recording position of the leading sample is
circulated and the direction in which N-number of samples are recorded may be
opposite to each other.

According to the example embodiment, the recording positions or recording sections
of new samples corresponding to the current time slot may be determined according to
modulo addressing. Similarly, the positions of samples to be discarded according to the
change in the time slot may be determined according to modulo addressing. This is
because the positions of the samples to be discarded and the positions of the new
samples are circulated according to the change in the time slot.

A recording position il of the leading sample among new samples to be recorded in a
current time slot may be expressed by Equation 6.

[Equation 6]

} il—l_N’ il—l %0
1, =
"M -DN, i, =0

il-1 is a recording position of the leading sample among samples recorded in a
previous time slot. Although Equation 6 expresses the recording position il of the
leading sample as a branching statement, this substantially refers to modulo ad-
dressing. In other words, this is because, when the recording position il with respect to
a previous time slot is the start position [0] of the sample array V, the recording
position il with respect to a current time slot goes back to the last N-th position. When
the recording position with respect to the previous time slot is not the start position [0],
N-number of new samples are recorded from a position that is decreased by N from the
position il-1. When Equation 6 is expressed by a modulo function, it can be expressed
by Equation 7, but the disclosure is not limited thereto.

[Equation 7]
i, = MOD(M - MOD(I,M),M)x N
= MOD(MN - MOD(i,_, + N,MN), MN)
= (M -1- MOD(I -1, M))x N
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The recording positions of new samples may be expressed by a method other than the
recording position of a leading sample. For example, the recording positions of new
samples may be expressed in a variety of methods using, for example, as the last
sample, the n-th sample, start and end positions of a recording section, an identifier of
a recording section, etc., which do not correspond to the leading sample.

The modulation process according to an example embodiment may be expressed by
Equation 8.

[Equation 8]

K-l
Vi, +n]= ZS,'”, fin» where 0<n<N

k=0

Referring to Equation 8, N-number of new samples may be sequentially recorded
from a recording position [il] determined by Equation 6 or 7. The new samples signify
or correspond to the sub-band samples S’k,l that are modulated by the function of
Equation 2. S’k,] may be complex sub-band samples for example. Also, only real
numbers of the values calculated by Equation § may be stored in the sample array V.
In other words, K-number of complex sub-band samples that are transformed to a
baseband by Equations 2 and § are inversely transformed and N-number of real-
number samples corresponding to the K-number of sub-bands are generated. The
generated samples may be recorded in the sample array V by Equations 6, 7, and 8.

The samples of the sample array V may be extracted to remove aliasing. However,
since the recording positions and order of the samples in the sample array V are
changed, a conventional sample extraction method may not be applied to the example
embodiment. According to the example embodiment, in the extracting of the samples
from the sample array V, the samples are extracted in consideration of circulation of
the sample recording positions according to the change in the time slot.

From a comparison of the shaded portions between the conventional method of FIG.
4 and the disclosed example embodiment of FIG. 6, it may be seen that, although the
number of extracted sample groups in FIGS. 4 and 6 are the same, the order and the
extraction position are different. When the time slot 1 is O (1=0), the extraction order
and positions of samples in FIGS. 4 and 6 are the same. However, when the time slot 1
is 1 to M-1 (I=1 to M-1), the extraction order and positions of samples in FIGS. 4 and
6 are quite different.

According to the example embodiment, the positions of the samples to be extracted
from the sample array may be determined according to whether a current time slot is
an odd number or an even number. In FIG. 6, the positions of samples extracted when

the time slot is an even number and the positions of samples extracted when the time



17

WO 2015/065002 PCT/KR2014/010168

[119]

[120]

[121]
[122]

[123]

[124]

[125]

[126]

[127]

slot is an odd number are exclusive. The positions of the samples to be extracted are
inversed whenever the time slot is changed.

When the sample array V is divided by an interval of N/2 of a sample, if a current
time slot is an even number, samples may be extracted in the 1st, 4th, Sth, 8th, 9th,
12th, 13th,..., and 2M-th sections. If the current time slot is an odd number, samples
may be extracted in the 2nd, 3rd, 6th, 7th, 10th, 11th,..., (2M-2)th, and (2M-1)th
sections. In other words, when the current time slot is an even number, samples may be
extracted in the (4n-3)th and 4n-th sections. When the current time slot is an odd
number, samples may be extracted in the (4n-2)th and (4n-1)th sections. n denotes a
natural number less than or equal to M/2.

Equation 9 expresses a process of extracting samples according to the example em-
bodiment.

[Equation 9]

if, [=even,
VI2Nn+k], where 0<k<N/2
g[Nn+k]=
VI2Nn+k+ N], where N/2<k<N

otherwise, [=o0dd,

g[Nn+k|=V[2Nn+k+N /2], where 0<k<N

According to Equation 9, (M*N/2) number of samples are extracted from the sample
array V. FIG. 12 illustrates a part of a result of the sample extraction according to
Equation 9. FIG. 9 is reflects a relationship between the illustration of FIG. 6, Equation
9, and a result of FIG. 12. When a case of (1=0, n=1) is applied to Equation 9, (1)
V[0~N/2-1], (2) V[3N/2~4N/2-1], (3) V[4N/2~5N/2-1], and (4) V[7N/2~8N/2-1] may
be extracted from the sample array. As illustrated in FIG. 9, the extracted samples
(1)~(4) may be sequentially recorded in the extraction array g.

When an extraction array according to the example embodiment is gl and an ex-
traction array according to a convention method is g2, except for a case in which the
time slot is an integer multiple of M, gl[n]#g2[n]. Accordingly, a filter coefficient that
is multiplied to gl[n] is different from a filter coefficient that is multiplied to g2[n].

This is because the extraction array gl is generated, unlike g2, in consideration of the
circulation of sample recording positions of a sample array. Accordingly, according to
the example embodiments, a filter coefficient array ¢” that records a filter coefficient
corresponding to the extraction array gl is defined by a new method that is different
from a conventional filter coefficient array c.

Equation 10 may define the filter coefficient array ¢” according to an example em-
bodiment.

[Equation 10]
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¢[m+2Mn)=cm+2Mn+ M]=c[m+Mn] where 0<n<N/2

where 0<m<M

A filter coefficient array according to the example embodiment is described with
reference to Equation 10 and FIG. 10. FIG. 10 illustrates both of a conventional filter
coefficient array ¢(t002) and a filter coefficient array ¢’(t001) when M=10 and N=128.

The size of the filter coefficient array c(t002) may be the same as the size MN/2 of
the extraction array g. However, the size of the filter coefficient array ¢’(t001) is MN,
which is twice the size of each of the extraction g and the filter coefficient array
c(1002).

The reason for the size of the filter coefficient array c’(t001) being double the size of
the filter coefficient array c(t002) is that filter coefficients of the filter coefficient array
¢(t002) are recorded twice in the filter coefficient array ¢’(t001). Accordingly, an
identical filter coefficient is recorded twice in the filter coefficient array ¢’(t001) and
the positions for recording an identical filter coefficient are separated by a degree M of
a synthesis filter.

When the filter coefficient array c(t002) is divided into N/2-number of filter co-
efficient groups, a first coefficient group (t01) is consecutively recorded twice (t02) in
the filter coefficient array ¢’(t001). Likewise, groups from a second coefficient group
to a last coefficient group are consecutively recorded twice in the filter coefficient
array c’(t001), and so on.

According to the example embodiment, a filter coefficient corresponding to the
extracted sample may be determined according to modulo addressing. Equation 11
expresses a method of selecting a filter coefficient according to modulo addressing.

[Equation 11]

Cm+ 2Mn+ MOD(LM)] where 0<n< NI where 0<m< -1

According to Equation 11, a filter coefficient is selected at a position
[m+2MN+MOD(l, M)] obtained by summing 2*M*(n-1) + m- and the remainder of
dividing a current time slot by M. MOD(1,M) signifies or corresponds to a modulo
operation using the degree M of a synthesis filter and the current time slot 1.

FIG. 11 illustrates an example process of selecting a filter coefficient in the filter co-
efficient array ¢’ when M=10 and N=128 in Equation 11. Referring to FIG. 11, when
n=0, a filter coefficient is selected in a section t100 with respect to all time slots 1.
When n=1, a filter coefficient is selected in a section t101 with respect to all time slots

1. However, as the time slot 1 increases by 1, the position of a selected filter coefficient
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increases by +1.

First, when 1=0 and n=0, c’[0~9] is selected with respect to 0<m<M. Here,
c’[0~9]=c[0~9]. When n is increased by 1, c’[20~29] is selected with respect to
0<m<M. In other words, when n is increased by 1, the position of a filter coefficient is
increased by [2M]. This is because an identical filter coefficient is recorded twice at an
interval M in the filter coefficient array ¢’. Here, ¢'[20~29]=c[10~19].

When 1=0, a selected filter coefficient may be c[0~9], c[10~19], which is the same as
the filter coefficient that is selected when 1=0. This is because, when 1=0, the recording
positions and extraction positions of samples in the sample array V are the same as
those according to the conventional method. However, as the time slot 1 is changed, in
the disclosed embodiments, the recording positions and extraction positions of samples
in the sample array V are changed different from those according to the conventional
method and thus a different filter coefficient from the conventional method is selected.

When 1=1 and n=0, ¢'[1~10] is selected with respect to 0<m<M. Here,
c’[1~9]=c[1~9] and ¢’[10]=c[0]. When n is increased by 1, ¢’[21~30] is selected with
respect to 0<m<M. Here, c'[21~29]=c[11~19] and ¢’[20]=¢c[10]. As illustrated in FIG.
4, according to the conventional method, filter coefficients are selected in order of
c[0~9], c[10~19]... According to the disclosed embodiments, the selection order of
filter coefficients is changed to c[1~9], c[0], c[11~19], ¢[10]... When 1=2, the selection
order of filter coefficients is c[2~9], c[0~1], c[12~19], c[10~11]. In other words, filter
coefficients are selected at positions that are shifted by 1 from the positions of the filter
coefficients selected in the previous time slot.

This is because, according to the disclosed embodiments, the selection positions of
filter coefficients are circularly changed according to the modulo addressing as the
recording positions and extraction positions of samples in the sample array V are
circularly changed according to the modulo addressing.

Equation 12 expresses a process of synthesizing time domain samples by accu-
mulating results of multiplication of a sample extracted by Equation 9 by a filter co-
efficient selected by Equation 11.

[Equation 12]

M-l
y[n)= Z g[Nm/24#n]-¢Tm+2Mn+ MOD(L,M)], where 0<n<N/2

m=0

Referring back to FIG. 6, according to Equation 11, the positions of the extracted
samples and the selected filter coefficients are illustrated.

When the time slot 1=0 is changed to 1=1, a sample is extracted at V[N/2] with
respect to n=0 and m=0 and recorded in g[1] and then g[1] is multiplied by ¢'[1]. A
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sample is extracted at V[2N/2] with respect to n=0 and m=1 and recorded in g[N/2]
and then g[N/2] is multiplied by ¢’[2]. An identical process may be repeated until n=0
and m=9 and then n is changed to 1 (n=1). A sample may be extracted at V[N/2+1]
with respect to n=1 and m=0 and recorded in g[2] and then g[2] is multiplied by
¢’[2M+1]. When the identical process is repeated until n=64 and m=9, the time slot 1 is
changed to 2 (1=2).

The generation of the filter coefficients with respect to a variable n in the synthesis
filtering process illustrated in FIG. 6 may be illustrated as in FIG. 7. FIG. 7 intuitively
illustrates that the positions of filter coefficients selected according to the change in the
time slot are circulated.

The above descriptions describe a QMF synthesis filtering method performed in the
synthesis filtering device 11 according to the example disclosed embodiments. At least
a part of the above-described equations according to the disclosed embodiments may
be embodied by a lookup table by being previously calculated as in FIG. 12. For
example, at least a part of the information about the recording positions of the cir-
culating samples, the positions of the extracted samples, and the positions of the
selected filter coefficients, according to a change in the time slot, may be stored in the
synthesis filtering device 11 as a lookup table and then used.

FIG. 13 is a flowchart for explaining a QMF synthesis filtering method according to
an embodiment of the disclosure. Any redundant descriptions of the above-described
embodiments will be omitted herein. Accordingly, the above-descriptions may be
referred to without any special comments. In the following description, a first, second,
and third array have the same meaning as (or correspond to) the sample array V, the
filter coefficient array ¢’, and the extraction array g, respectively.

Referring to FIG. 13, the synthesis filtering device 11 may record new samples in a
first array (A1305). The synthesis filtering device 11 may record new samples corre-
sponding to the current time slot I at the position of the samples to be discarded in the
first array that includes the modulated QMF sub-band samples.

The synthesis filtering device 11 may record the new samples while circuiting the
sample recording position il in the first array according to a change in the time slot 1.
For example, the synthesis filtering device 11 may modulo-calculate a sample
recording position il-1 in the previous time slot 1-1 as shown by Equations 6 to 8 and
determine the recording position il of the new samples corresponding to the current
time slot 1.

According to Equation 6, the synthesis filtering device 11 may record the new
samples at positions offset from the sample recording position il-1 in the previous time
slot 1-1 by the N-number of the new samples. However, when the sample recording

position il-1 in the previous time slot I-1 is the start position [0] of the first array, the
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new samples are recorded from the last N-th position [(M-1)N] of the first array.

The operation A1305 is described in detail below with reference to FIG. 14.

The synthesis filtering device 11 may determine whether the sample recording
position il-1 is the start position [0] of the first array (A1405). According to an em-
bodiment, il-1 may be a position of the leading sample of the N-number of samples
recorded in the first array in the previous time slot 1-1. The synthesis filtering device 11
may determine whether the position il-1 of the leading sample in the previous time slot
is the start position [0] of the first array.

If the position il-1 of the leading sample in the previous time slot is the start position
[O] of the first array, the synthesis filtering device 11 may update the sample recording
position il in the current time slot to (M-1)*N (that is, il=(M-1)*N) (A1415)

If the position il-1 of the leading sample in the previous time slot is not the start
position [0] of the first array, the synthesis filtering device 11 may update the sample
recording position il in the current time slot to il-1-N (that is, il=il-1-N) (A1410)

According to Equation 8, the synthesis filtering device 11 may inversely transform
the K-number of complex sub-band samples that are transformed to a baseband to
generate N-number of real-number samples corresponding to the K-number of sub-
bands (A1420). The synthesis filtering device 11 may record the N-number of real-
number samples at the positions of the samples to be discarded (A1425). The operation
A1420 may be performed earlier than the operation A1405. Alternatively, operation
A1420 may be performed simultaneously with operation A1405, or after operation
A1405.

As described above, when M corresponds to a degree of a synthesis filter and N cor-
responds to double the number of a QMF sub-band, the synthesis filtering device 11
may record the modulated sub-band samples in a recording section having a size of N
that circulates according to a change in the time slot in the first array having a size of
M*N.

Referring back to FIG. 13, the synthesis filtering device 11 may extract samples from
the first array (A1310). Samples may be extracted to remove aliasing between adjacent
sub-bands, for example. The synthesis filtering device 11 may determine the positions
of the samples to be extracted from the first array by circulating the sample recording
positions in the first array. The number of samples to be extracted may be M*N/2 that
is half of the size of the first array.

The synthesis filtering device 11 may determine filter coefficients corresponding to
the extracted samples (A1315). The synthesis filtering device 11 may determine filter
coefficients by using modulo operation, for example. The synthesis filtering device 11
may select (M*N/2) number of filter coefficients in the second array having a size of

M*N where each of N-number of coefficient groups having consecutive M-number of
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filter coefficients as one group is consecutively recorded twice.

The synthesis filtering device 11 may synthesize a time domain sample by using the
extracted samples and filter coefficients (A1320). A synthesized time domain sample
where aliasing is removed may be (N/2) number of samples corresponding to the
current time slot. The synthesis filtering device 11 may perform the above-described
operations recursively according to a change in the time slot.

FIG. 15 is a flowchart for explaining a method of recording a sample array according
to an embodiment of the disclosure. Any redundant descriptions of the above-described
embodiments will be omitted herein. Accordingly, the above-descriptions may be
referred to without any special comments. Also, the disclosure is not limited to the em-
bodiment of FIG. 15 and other methods of recording a sample array may be within the
scope of the claimed subject matter.

First, the synthesis filtering device 11 may initialize various variables in Equation 8
(A1505). For example, a time slot index 1, a sample index n, a sub-band index k, and a
recording position index are all set to 0 (1=0, n=0, k=0, i=0) (A1505). A term "temp"
may refer to a variable for temporarily storing a value output in the middle of a
modulation process which may also be set to 0 (temp=0).

The synthesis filtering device 11 may perform an operation such that
temp=temp+S’k,1*fk,n according to Equation 8 (A1510). The synthesis filtering device
11 determines whether k<K-1 (A1515) and increases k by 1 until k=K-1 (A1520),
thereby performing an operation such that temp=temp+ S’k,I*fk,n.

When k=K-1, (i.e., k is not less than K - 1), the synthesis filtering device 11 may
determine whether the recording position index i is 0 (i=0) (A1525). If i#0, the
synthesis filtering device 11 may set the recording position index i to be i-N (i=i-N)
(A1530). If i=0, the recording position index i to be (M-1)*N (i=(M-1)*N) (A1535).

The synthesis filtering device 11 may record the temp value at V[i+n] and initializes
the temp (e.g., temp=0) (A1540).

The synthesis filtering device 11 may determine whether the sample index n is less
than N (n<N) (A1545). The synthesis filtering device 11 may increase n by 1 until n=N
and initializes k (e.g., n=n+1, k=0), and may repeat the modulation operation A1510
corresponding to a next sample index (A1550).

When n=N, (i.e., n is not less than N), the synthesis filtering device 11 may
determine whether the current time slot 1 is less than the maximum time slot L
(A1560). If I<L, the synthesis filtering device 11 changes the current time slot I to a
next time slot, initializes n and k (e.g., n=0, k=0), and recursively performs the
modulation operation A1510 with respect to a next time slot until 1=L. (A1555). When
1=L, (i.e., 1 is greater than L -1), the synthesis filtering device 11 may determine the

method of recording the sample array is complete.
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FIG. 16 is a flowchart for explaining a method of extracting a sample from a sample
array according to an embodiment of the disclosure. Any redundant descriptions of the
above-described embodiments will be omitted herein. Accordingly, the above-
descriptions may be referred to without any special comments. Also, the disclosure is
not limited to the embodiment of FIG. 16 and other methods of extracting a sample
from a sample array may be within the scope of the claimed subject matter.

The synthesis filtering device 11 may determine whether the current time slot is an
even number or an odd number (A1605). When the current time slot is an odd number,
the synthesis filtering device 11 may extract samples in the (4n-2)th and (4n-1)th
sections of the first array (A1610). When the current time slot is an even number, the
synthesis filtering device 11 may extract samples in the (4n-3)th and 4n-th sections of
the first array (A1615). For example, the synthesis filtering device 11 may extract
samples according to Equation 9. According to Equation 9, (M*N/2) number of
samples are extracted. When the current time slot is an odd number, the samples are
extracted at a position [2*N*n+k+N/2]. As described above, k is an integer greater
than or equal to O and less than N, and n is an integer greater than or equal to 0 and less
than N/2.

The positions of the samples extracted from the first array when the current time slot
is an even number, and the positions of the samples extracted from the first array when
the current time slot is an odd number, may be mutually exclusive. For example, the
synthesis filtering device 11 may determine the positions of the samples extracted from
the first array such that the samples may be extracted at positions other than the
positions where the samples are extracted in a previous time slot.

The synthesis filtering device 11 may record the extracted samples in a third array
(A1620).

FIG. 17 is a flowchart for explaining a method of extracting samples from a sample
array according to an embodiment of the disclosure. Any redundant descriptions of the
above-described embodiments will be omitted herein. Accordingly, the above-
descriptions may be referred to without any special comments. Also, the disclosure is
not limited to the embodiment of FIG. 17 and other methods of extracting a sample
from a sample array may be within the scope of the claimed subject matter.

The synthesis filtering device 11 may initialize variables according to Equation 9
(A1705). For example, the synthesis filtering device 11 may set each of the time slot
index 1, the sample index n, and the sub-band index k to 0.

The synthesis filtering device 11 may determine whether I is an even number
(A1710). If 1 is not an even number, the synthesis filtering device 11 may increase k by
1 (A1725) until k=N (i.e., k is not less than N) (A1720), and may extract samples
according to an equation such that g[Nn+k]=V[2Nn+k+N/2] (A1715).
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When k=N, (i.e., k is not less than N), the synthesis filtering device 11 may
determine whether n<N/2 (A1745). The synthesis filtering device 11 may increase n by
I until n=N/2, initializes k, and recursively performs the sample extraction in operation
A1715 (A1755).

When n is equal to N/2 (i.e., n is not less than N/2), the synthesis filtering device 11
may determine whether the time slot is less than the maximum time slot L (A1790).
The synthesis filtering device 11 increases the time slot until 1=L, and initializes n and
k (e.g., n=0, k=0), to return to the operation A1710 (A1760). When 1=L, (i.e., 1 is
greater than L - 1), the synthesis filtering device 11 may determine the method of ex-
tracting samples from a sample array is complete.

When 1is determined to be an even number, the synthesis filtering device 11 may
determine whether k<N/2 (A1730). The synthesis filtering device 11 may increase k by
I until k=N/2 (i.e., k is not less than N/2), (A1740) and may extract samples according
to an equation such that g[Nn+k]=V[2Nn+k+N] (A1735). When k=N/2, (i.e., k is not
less than N/2), the synthesis filtering device 11 may determine whether k<N (A1770).
The synthesis filtering device 11 may increase k by 1 until k=N (i.e., k is not less than
N), (A1775) and may extract samples according to an equation such that
g[Nn+k]=V[2Nn+k+N/2] (A1765). When k=N, (i.e., k is not less than N), the synthesis
filtering device 11 may determine whether n<N/2 (A1780). The synthesis filtering
device 11 increases n by 1 until n=N/2, (i.e., n is not less than N/2), and may initialize
k (e.g., k=0) to return to operation A1730 (A1785). When n is N/2, (i.e., n is not less
than N/2), the synthesis filtering device 11 returns to operation A1790.

FIG. 18 is a flowchart for explaining a method of selecting a filter coefficient
according to an embodiment of the disclosure. Any redundant descriptions of the
above-described embodiments will be omitted herein. Accordingly, the above-
descriptions may be referred to without any special comments. Also, the disclosure is
not limited to the embodiment of FIG. 18 and other methods of selecting a filter co-
efficient may be within the scope of the claimed subject matter.

First, the synthesis filtering device 11 may initialize variables according to Equation
11 (A1805). For example, the synthesis filtering device 11 may set each of the time
slot index 1, the sample index n, and the filter degree index m to 0.

The synthesis filtering device 11 may select a coefficient at a position [m+ 2Mn +
MOD(,M)] in the second array (A1810). The synthesis filtering device 11 may select a
coefficient according to Equation 11. The synthesis filtering device 11 may perform a
modulo operation by using a current time slot and a degree M of a filter and may select
a filter coefficient from the second array based on a result of the modulo operation.

As described above, an identical filter coefficient is recorded twice in the second

array. The positions where an identical filter coefficient is recorded are separated from
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each other by the filter degree M. Accordingly, the synthesis filtering device 11 may
select (M*N/2) number of filter coefficients in the second array having a size of M*N
where each of N-number of coefficient groups having consecutive M-number of filter
coefficients as one group is consecutively recorded twice.

The synthesis filtering device 11 may select M-number of filter coefficients by in-
creasing m by 1 (A1840). When m=M-1, (i.e., m is not less than M - 1), the synthesis
filtering device 11 may determine whether n<N/2 (A1825). The synthesis filtering
device 11 may increase n by 1 until n=N/2, (i.e, n is not less than N/2), may initialize
m (e.g., m=0), (A1830), and repeat the selecting of the filter coefficient of A1810. As
described above, in each of M-number of groups that divides the samples extracted
from the first array by a predetermined interval, a first filter coefficient and a second
filter coefficient respectively corresponding to the n-th sample and the (n+1)th sample
may be separated by 2M from each other in the second array.

When n=N/2, (i.e, n is not less than N/2) the synthesis filtering device 11 may
determine whether the time slot is less than the maximum time slot L (A1835). The
synthesis filtering device 11 increases the time slot by 1 until the time slot is equal to L.
(i.e., L is greater than L - 1), initializes m and n (e.g., n=0, m=0), and returns to the
operation A1810 (A1845). When the time slot is increased by 1, the positions of the
filter coefficients selected from the second array may be shifted by 1 from the positions
of the filter coefficients that are selected in the previous time slot. When 1=L, (i.e., 1 is
greater than L - 1), the synthesis filtering device 11 may determine the method of
selecting a filter coefficient is complete.

FIG. 19 is a flowchart for explaining a method of synthesizing a time domain sample
according to an embodiment of the disclosure. Any redundant descriptions of the
above-described embodiments will be omitted herein. Accordingly, the above-
descriptions may be referred to without any special comments. Also, the disclosure is
not limited to the embodiment of FIG. 19 and other methods of synthesizing a time
domain sample may be within the scope of the claimed subject matter.

While some processes illustrated in FIGS. 18 and 19 are the same or similar, a
process of multiplying a filter coefficient selected from FIG. 18 by a sample and accu-
mulating a result of the multiplication is further added to the process of FIG. 19.

The synthesis filtering device 11 may initialize variables according to Equation 12
(A1905) (e.g., 1=0, n=0, m=0). A term "temp" may refer to a variable for temporarily
storing values output in the middle of the synthesis process of a time domain sample
which may also be initialized (e.g., temp=0).

The synthesis filtering device 11 may synthesize an intermediate output value
according to an equation such that temp=temp+ ¢’[m+2Mn +MOD(I,M)]*g[Nm/2+n]
(A1910). The synthesis filtering device 11 may repeat the operation A1910 by in-
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creasing m by 1 (A1920) until m=M-1 (i.e., m is not less than M - 1) (A1915). When
m=M-1, (i.e., m is not less than M - 1), the synthesis filtering device 11 may store a
value of temp in a time domain sample array yl[n] and may initialize temp (e.g.,
temp=0) (A1950).

The synthesis filtering device 11 may recursively perform the above-described
process by increasing n by 1 (A1930). When n=N/2, (i.e., n is not less than N/2), the
synthesis filtering device 11 may determine whether a current time slot is equal to the
maximum time slot L (A1935). The synthesis filtering device 11 may increase the time
slot by 1 (A1945) until I=L. (A1935), and may recursively perform the above-described
process, where n and m are initialized again (e.g., n=0, m=0) (A1945). When 1=L, (i.e.,
1 is greater than L - 1), the synthesis filtering device 11 may determine the method of
synthesizing a time domain sample is complete.

FIG. 20 is a block diagram of the synthesis filtering apparatus 11 according to an em-
bodiment of the disclosure. Any redundant descriptions of the above-described em-
bodiments will be omitted herein. Accordingly, the above-descriptions may be referred
to without any special comments. Also, all elements illustrated in FIG. 20 are not
essential elements. Other common elements may be further provided in FIG. 20. The
illustration of common elements is omitted to prevent making the subject matter of the
disclosure unclear.

Referring to FIG. 20, the synthesis filtering device 11 may include a decoder 2001, a
modulation unit 2002, a synthesis filter 2003, and a memory 2004. The decoder 2001
may decode an encoded bitstream and may output signals of a plurality of sub-bands.
For example, the bitstream may be a multichannel audio bitstream. The memory 2004
may store the first array where the modulated samples of the sub-band signals are
recorded and the second array where the filter coefficients are recorded. The above-
described third array may also be stored in the memory 2004.

The modulation unit (modulator) 2002 may modulate the samples of the sub-band
signals to k-number of sub-bands in the baseband and may store the modulated
samples in the first array. The modulation unit 2002 may record new samples that are
modulated corresponding to a current time slot by circulating sample recording
positions in the first array according to a change in the time slot.

The synthesis filter 2003 may include a plurality of filters, some or all of which may
be arranged in parallel, for example. To remove aliasing between adjacent sub-bands,
the synthesis filter 2003 may extract samples from the first array, select filter coef-
ficients corresponding to the extracted samples by using a modulo operation from the
second array, and synthesize a time domain sample by using the extracted samples and
the selected filter coefficients. The synthesis filter 2003 may determine the positions of

samples to be extracted from the first array according to whether a current time slot is
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an even number or an odd number. In doing so, an identical filter coefficient may be
recorded twice in the second array and the positions where an identical filter co-
efficient is recorded may be separated from each other by a degree of the synthesis
filter 2003.

The synthesis filtering device 11 may be embodied by a variety of devices which
may include multimedia content reproduction apparatuses, audio systems, home
theater systems, amplifiers, mobile terminals, TV sets, computers, personal digital as-
sistants (PDAs), tablet PCs, portable media players (PMPs), smart phones, or other
types of electronic devices, and may be included as a part of the above-described
devices.

In the analysis filtering process, a time domain sample is input and thus aliasing is
removed, the time domain sample is transformed into K-number of sub-bands, and a
modified discrete cosine transform (MDCT) transformation is performed. According to
an embodiment, the memory update process may be omitted by performing modulo ad-
dressing on an array that records a time domain sample. Since the synthesis filtering
process and the analysis filtering process have structures that correspond to each other,
one of ordinary skill in the art may understand the analysis filtering process from the
embodiments of the above-described synthesis filtering.

As described above, according to the QMF filtering method according to one or more
of the above embodiments of the disclosure, QMF filtering may be quickly performed
by reducing the complexity of QMF filtering, and power consumed for the QMF
filtering may be reduced.

In addition, aspects of the above-described embodiments of the disclosure may also
be implemented through computer readable code/instructions in/on a medium, e.g., a
computer readable medium, to control at least one processing element to implement
any above described embodiment. The medium can correspond to any medium/media
permitting the storage and/or transmission of the computer readable code.

The computer readable code can be recorded/transferred on a medium in a variety of
ways, with examples of the medium including recording media, such as magnetic
storage media (e.g., ROM, floppy disks, hard disks, etc.) and optical recording media
(e.g., CD-ROMs, or DVDs), and transmission media such as Internet transmission
media. Thus, the medium may be such a defined and measurable structure including or
carrying a signal or information, such as a device carrying a bitstream according to one
or more embodiments of the disclosure.

For example, computer readable code and/or program instructions to implement em-
bodiments disclosed herein may be recorded in non-transitory computer-readable
media. The media may also include, alone or in combination with the program in-

structions, data files, data structures, and the like. Examples of non-transitory
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computer-readable media include magnetic media such as hard disks, floppy disks, and
magnetic tape; optical media such as CD ROM disks and DVDs; magneto-optical
media such as optical discs; and hardware devices that are specially configured to store
and perform program instructions, such as read-only memory (ROM), random access
memory (RAM), flash memory, USB memory, and the like. Examples of program in-
structions include both machine code, such as produced by a compiler, and files
containing higher level code that may be executed by the computer using an in-
terpreter. The program instructions may be executed by one or more processors. The
described hardware devices may be configured to act as one or more software modules
in order to perform the operations of the above-described embodiments, or vice versa.
In addition, a non-transitory computer-readable storage medium may be distributed
among computer systems connected through a network and computer-readable codes
or program instructions may be stored and executed in a decentralized manner. In
addition, the computer-readable storage media may also be embodied in at least one
application specific integrated circuit (ASIC) or Field Programmable Gate Array
(FPGA).

The QMEF filtering system, synthesis filtering apparatus, and methods implemented
using the QMF filtering system and/or synthesis filtering apparatus or portions thereof,
according to the above-described example embodiments, may use one or more
processors. For example, a processing device may be implemented using one or more
general-purpose or special purpose computers, and may include, for example, one or
more of a processor, a controller and an arithmetic logic unit, a central processing unit
(CPU), a graphics processing unit (GPU), a digital signal processor (DSP), a micro-
computer, a field programmable array, a programmable logic unit, an application-
specific integrated circuit (ASIC), a microprocessor or any other device capable of re-
sponding to and executing instructions in a defined manner.

As disclosed herein, a memory may store one or more arrays and/or databases. A
database may include a collection of data and supporting data structures which may be
stored, for example, in a storage device such as a memory. For example, the memory
may be embodied as a storage medium, such as a nonvolatile memory device, such as a
Read Only Memory (ROM), Programmable Read Only Memory (PROM), Erasable
Programmable Read Only Memory (EPROM), and flash memory, a USB drive, a
volatile memory device such as a Random Access Memory (RAM), a hard disk, floppy
disks, a blue-ray disk, or optical media such as CD ROM discs and DVDs, or com-
binations thereof. However, examples of the memory are not limited to the above de-
scription, and the memory may be realized by other various devices and structures as
would be understood by those skilled in the art.

Each block of the flowchart illustrations may represent a unit, module, segment, or



29

WO 2015/065002 PCT/KR2014/010168

[203]

[204]

portion of code, which comprises one or more executable instructions for im-
plementing the specified logical function(s). It should also be noted that in some al-
ternative implementations, the functions noted in the blocks may occur out of order.
For example, two blocks shown in succession may in fact be executed substantially
concurrently (simultaneously) or the blocks may sometimes be executed in the reverse
order, depending upon the functionality involved.

It should be understood that the exemplary embodiments described herein should be
considered in a descriptive sense only and not for purposes of limitation. Descriptions
of features or aspects within each embodiment should typically be considered as
available for other similar features or aspects in other embodiments.

While one or more embodiments of the disclosure have been described with
reference to the figures, it will be understood by those of ordinary skill in the art that
various changes in form and details may be made therein without departing from the

spirit and scope of the disclosure as defined by the following claims.
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Claims
A method of performing quadrature mirror filter (QMF) synthesis

filtering, the method comprising:

recording, in a first array that comprises modulated QMF sub-band
samples, new samples corresponding to a current time slot at positions
of samples to be discarded from the first array;

extracting samples from the first array;

determining filter coefficients corresponding to the extracted samples
by performing a modulo operation; and

synthesizing, using at least one processor, a time domain sample by
using the extracted samples and the filter coefficients.

The method of claim 1, wherein, in the recording of the new samples in
the first array, recording positions of the new samples corresponding to
the current time slot are determined by modulo-operating sample
recording positions in a previous time slot.

The method of claim 1, wherein, in the recording of the new samples in
the first array, the new samples are recorded at positions offset from the
sample recording position in a previous time slot by N-number of the
new samples.

The method of claim 3, wherein, in the recording of the new samples in
the first array, when the sample recording position in the previous time
slot is a start of the first array, the new samples are recorded from a last
N-th position of the first array.

The method of claim 1, wherein the recording of the new samples in
the first array comprises:

generating N-number of real-number samples corresponding to K-
number of sub-bands by inversely transforming K-number of complex
sub-band samples that are transformed to a baseband; and

recording the N-number of real-number samples at the positions of the
samples to be discarded.

The method of claim 1, wherein, in the extracting of the samples from
the first array, positions of the samples to be extracted are determined
according to whether the current time slot is an even number or an odd
number.

The method of claim 1, wherein, in the extracting of the samples from
the first array, positions of the samples extracted from the first array

when the current time slot is an even number, and positions of the
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samples extracted from the first array when the current time slot is an
odd number, are mutually exclusive.

The method of claim 1, wherein, in the extracting of the samples from
the first array, when the first array is divided into a plurality of sections,
with respect to a natural number n, samples are extracted in (4n-3)th
and 4n-th sections when the current time slot is an even number and
samples are extracted in (4n-2)th and (4n-1)th sections when the
current time slot is an odd number.

The method of claim 1, wherein the determining of the filter coef-
ficients comprises:

performing the modulo operation by using the current time slot and a
degree of a synthesis filter; and

selecting the filter coefficients from a second array based on a result of
the modulo operation.

The method of claim 9, wherein an identical filter coefficient is
recorded twice in the second array and positions where the identical
filter coefficient is recorded are separated from each other by the
degree of the synthesis filter.

The method of claim 9, wherein positions of filter coefficients selected
from the second array are shifted by 1 from positions of the filter coef-
ficients selected from a previous time slot.

The method of claim 1, wherein, in the synthesizing of the time domain
sample, the time domain sample is synthesized by accumulating results
of multiplications of the extracted samples and the determined filter co-
efficients.

The method of claim 1, wherein the recording, extracting, determining,
and synthesizing are recursively performed according to a change in the
time slot.

A non-transitory computer readable recording medium having recorded
thereon one or more programs, that when executed, implements the
method of claim 1.

An apparatus for performing quadrature mirror filter (QMF) synthesis
filtering, the apparatus comprising:

a memory to store a first array where modulated samples of a sub-band
signal are recorded and to store a second array where filter coefficients
are recorded;

a modulator to modulate samples of a sub-band signal to k-number of

sub-bands in a baseband and to store the modulated samples in the first
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array; and

a synthesis filter to extract samples from the first array, to select from
the second array filter coefficients corresponding to the extracted
samples by using a modulo operation, and to synthesize a time domain
sample by using the extracted samples and selected filter coefficients,
wherein the modulator records new samples corresponding to a current
time slot by circulating sample recording positions in the first array

according to a change in a time slot.
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