wo 2010/069773 A1 I A IA0KVO 0 V0O RO

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intelcctual Peoperty Organizaton /g2 |10 A0 .00 500 O
nternational Bureau Wi )
£ () : . L
. . _ S (10) International Publication Number
(43) International Publication Date \'{:/_?___/

24 June 2010 (24.06.2010) PCT WO 2010/069773 Al
(51) International Patent Classification: AO, AT, AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ,
G10L 11/00 (2006.01) GI0L 19/02 (2006.01) CA, CH, CL, CN, CO, CR, CU, CZ, DE, DK, DM, DO,
. .. DZ, EC, EE, EG, ES, FI, GB, GD, GE, GH, GM, GT,
(21) International Application Number: HN. HR. HU. ID. IL. IN. IS. JP. KE. KG. KM. KN, KP
PCT/EP2009/066270 KR, KZ, LA, LC, LK, LR, LS, LT, LU, LY, MA, MD,
(22) International Filing Date: IIEI/[E, MG, MK, MN, MW, MX, MY, MZ, NA, NG, NI,
2D ber 2009 (02.12.2009 O, NZ, OM, PE, PG, PH, PL, PT, RO, RS, RU, SC, SD,
. coember ¢ . ) SE, SG, SK, SL, SM, ST, SV, SY, TJ, TM, TN, TR, TT,

(25) Filing Language: English TZ, UA, UG, US, UZ, VC, VN, ZA, ZM, ZW.
(26) Publication Language: English  (84) Designated States (unless otherwise indicated, for every
(30) Priority Data: kind of regional protection available). ARIPO (BW, GH,
0823164.9 18 December 2008 (18.12.2008) GB S\I\{f) KEE LS, M(\Xl’\/[MZA’Z NAB» YSDI,((S}L, KSZZ ;é URGI} Z¥[J»
, Burasian R X R . , R > 1),
(71) Applicant (for all designated States except US): NOKIA TM), European (AT, BE, BG, CH, CY, CZ, DE, DK, EE,
CORPORATION [FIFI]; Keilalahdentie 4, FI-02150 ES, FL FR, GB, GR, HR, HU, IE, IS, IT, LT, LU, LV,
Espoo (FI). MC, MK, MT, NL, NO, PL, PT, RO, SE, SL, SK, SM,

(72) Inventor; and TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ, GW,

(75) Inventor/Applicant (for US only): SIVADAS, Sunil [IN/ ML, MR, NE, SN, TD, TG).
FI]; Arkkitehdinkatu 17 F 25, FI-33720 Tampere (FI). Published:

(74) Agent: RUUSKANEN, Juha-Pekka; Page White & Far- —  with international search report (Art. 21(3))
{g&?ﬁd;g? I(l}o;se, John Street, London Greater London  __ before the expiration of the time limit for amending the
(GB). claims and to be republished in the event of receipt of

(81) Designated States (unless otherwise indicated, for every amendments (Rule 48.2(h))
kind of national protection available): AE, AG, AL, AM,

(54) Title: AUDIO SIGNAL PROCESSING USING AT LEAST TWO FILTERBANKS

801

« 2 Sub_vec(q)
7 A"I‘ ] 307
/1 i
s 304 A 8 Combined
K sub_vector(q)
8011 ) mEREw
Mixer ===l
I=-H 8051
K Sub_vec(q) n
4 T : % T
R
i 304 B 305 0 n
A 18031 805
—
Mixing 306
n analyser
803

(57) Abstract: An apparatus configured to: determine a first plurality of frequency coefficients from a first of at least two filter
banks by transforming an audio signal; determine a second plurality of frequency coefficients from a second of the at least two fil-
ter banks by transforming the audio signal; determine at least two mixing coetficients dependent on the statistical characteristics of
the audio signal; and combine at least one frequency coetficient from the first plurality of frequency coefticients with at least one
frequency coefficient from the second plurality of frequency coetficients, wherein the combining is dependent on the at least two
mixing coefficients.



WO 2010/069773 PCT/EP2009/066270

10

15

20

25

30

AUDIO SIGNAL PROCESSING USING AT LEAST TWO FILTERBANKS

The present invention relates to apparatus for the processing of audio signals. The
invention further relates to, but is not limited to, apparatus for processing audio

signals in mobile devices.

Filter banks are used for analysing and processing audio signals and may be found
in many applications ranging from noise reduction to spectral analysis and audio
coding. Filter banks perform a time frequency analysis on the incoming signal in
order to extract a set of parameters which are more suited to further processing.

Filter banks operate by dividing the signal spectrum into a number of frequency sub
bands and generating a time indexed series of coefficients representing the
frequency localized signal power within each sub band. By providing explicit
information about the distribution of signal and hence masking power over the time
frequency plane, the filter bank may facilitate the identification of perceptual
irrelevancies. Additionally, the time frequency parameters generated by the filter
bank may provide a signal mapping which is conveniently manipulated to shape
any subsequent coding distortion. Further, by decomposing the signal into its
constituent frequency components, the filter bank may also assists in the reduction

of statistical redundancies.

Filter banks may be deployed on a fixed time frequency resolution basis, which can
be realised in the form of a Short Time Fourier Transform {STFT). The utilisation of
the STFT thereby enables filter banks of this type to be implemented both
effectively and efficiently by the means of a Fast Fourier Transform (FFT).

However, fixed time frequency resolution filter banks can result in undesirable

effects in both the time and frequency domain whilst processing the signal.
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From Psychoacoustic principles it is understood that the frequency resolution of
human hearing is not uniform or linear in nature. Rather the resolution of human
hearing is logarithmic and may be represented in the form of a mel or bark scale.
However, the STFT based filter bank is both uniform and linear and does not
naturally lend itself to analysing the input audio signal in the manner of the human
hearing system. This mismatch between a linear uniform analysis filter bank and
the logarithmic based frequency characteristics of the human hearing can result in
situations where the filter bank is inadequate for the purpose of analysing the input

signal.

For example, one such inadequacy arises during the analysis of a transient or
rapidly changing audio signal. In this example the time resolution of a uniform filter
bank is typically not small enough to analyse the audio signal with sufficient
accuracy. This short coming can result in artefacts in the form of pre-echoes
whereby the energy of the audio signal is spread in time, resulting in a smearing of
the transient event. Conversely, the uniform filter bank may have insufficient
frequency resolution in order to model stationary parts of the audio signal. This can
readily manifest itself as a smearing effect in the frequency domain, especially
towards the lower frequencies where the energy of the audio signal is somewhat
erroneously distributed among wider range of frequency bins. This smearing effect
may prevent further processing stages from having the ability to distinguish

between closely spaced tones.

One approach to overcoming these disadvantages is to use a wavelet transform
comprising appropriate wavelet hasis functions which are variable in terms of both
time and scale. By using such an approach it is possible to model concurrently
within the same transform both high frequency transients with sufficient time

resolution and low frequency components with sufficient frequency resolution.

Further approaches to overcoming these disadvantages may be to adaptively vary
the time resolution of a STFT filter bank in order to reduce any specific artefacts

whilst retaining adequate frequency resoiution. The multiple frequency bank
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mixing scheme approach relies on passing the signal through a number of filter
banks in parallel, whereby each filter bank filters the input signal to a different fixed
time frequency resolution. The resulting time frequency coefficients may then be
adaptively mixed in order to select desired coefficients in each area of the time

frequency plane.

The process of mixing the time frequency coefficients can be controlled according
to the heuristic properties of the signal. For example, the mechanism to control the
mixing of the various time frequency coefficients may incorporate properties of the
frequency response of the human hearing system.

Further schemes may adopt signal analysis mechanisms to detect transients or
stationary regions in the input signal, thereby adapting the mixing profile of the time

frequency coefficients accordingly.

Such a system adopting a heuristic model as a basis for determining the mixing
profile in a frequency bank mixing scheme, will typically require apriori information
of the signal type in order to obtain optimum performance. Therefore, a system for
analysing audio type signais will require a different set of heuristic model
characteristics from a system required to analyse speech based signals.

However, the methods used for mixing the coefficients are limited to combining the

various time frequency representations of the signal.

Furthermore, once a heuristic model based approach has been tuned for a specific
purpose such as combining signal components from muitiple time frequency
resolution filter banks it is no longer suited for other purposes such as combining

signals from multiple sources.

This invention proceeds from the consideration that whilst heuristic based

frequency bank mixing schemes may be tuned for a specific application, they are
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inherently inflexible and cannot be used for purposes other than those for which
they were originally tuned. This is despite the fact that different applications use
essentially the same generic architecture. For example if a heuristic based scheme
was designed for use as a multiple time resolution analyser for audio based signals

then it would be unsuitable for use as a multiple signal combiner,

There is provided according to an aspect of the invention a method comprising:
determining a first plurality of frequency coefficients from a first of at least two filter
banks by fransforming an audio signal; determining a second piurality of
frequency coefficients from a second of the at least two filter banks by transforming
the audio signal; determining at least two mixing coefficients dependent on the
statistical characteristics of the audio signal; and combining at least one frequency
coefficient from the first plurality of frequency coefficients with at least one
frequency coefficient from the second plurality of frequency coefficients, wherein

the combining is dependent on the at least two mixing coefficients.

Determining the first plurality of frequency components and the second plurality of
components may comprise: determining the first plurality of frequency coefficients
with a first time resolution; and determining the second plurality of frequency

coefficients with a second time resolution,

The first time resolution is preferably determined by windowing the audio signal
with a window function of a first iength, and wherein the second time resolution is
determined by windowing the audio signal with a window function of a second

length. -

The method may further comprise changing at least one of: the length of the audio
signal windowed with the first length window function to be equal to the length of
the audio signal windowed with the second length window; and the length of the
audio signal windowed with the second length window function to be equal to the
fength of the audio signal windowed with the first length window.
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Determining the at feast two mixing coefficients may comprise: calculating a
statistical measure between the first plurality of frequency coefficients and the
second plurality of frequency coefficients; determining at least two uncorrelated
basis vectors from the statistical measure; calculating a basis vector rating
measure for each of the at least two uncorrelated basis vectors; and selecting a
principal basis vector from the at least two uncorrelated basis vectors, wherein the

elements of the principal basis vector form the at least two mixing coefficients.

Selecting the principal basis vector may comprise: determining a maximum basis
vector rating measure; and selecting the uncorrelated basis vector associated with
the maximum basis vector.

The statistical measure is preferably a covariance matrix, the uncorrelated basis
vector is preferably an eigenvector, and the basis vector rating measure is

preferably an eigenvalue associated with the eigenvector.

The statistical measure is preferably a correlation matrix, wherein the uncorrelated
basis vector is preferably an eigenvector, and wherein the basis vector rating
measure is preferably an eigenvalue associated with the eigenvector.

Combining the at least one frequency coefficient from the first piurality of frequency
coefficients with the at least one frequency coefficient from the second plurality of
frequency coefficients may comprise: weighting the at least one frequency
coefficient from the first plurality of frequency coefficients; weighting the at least
one frequency coefficient from the second plurality of frequency coefficients; and
adding the at least one frequency coefficient from the first plurality of frequency

coefficients to the second piurality of frequency coefficients.

Weighting the at least one frequency coefficient from the first plurality of frequency
coefficients may comprise: multiplying the at least one frequency coefficient from ..
the first plurality of frequency coefficients with one of the at least two mixing
coefficients dependent on the statistical characteristics of the audio signal.
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Weighting the at least one frequency coefficlent from the second plurality of
frequency coefficients may comprise: multiplying the at least one frequency
coefficient from the second plurality of frequency coefficients with a further of the at
least two mixing coefficients dependent on the statistical characteristics of the

audio signal.

Each of the at least two pluralities of frequency coefficients may comprise at least
two groups of frequency coefficients, and wherein at least one frequency coefficient
from a first of at least two groups of frequency coefficients is preferably the same
frequency coefficient as at least one frequency coefficient from a second of the at

least two groups of frequency coefficients.

The audio signal may comprise at least two audio channel signals, wherein the
determining of the first plurality of frequency coefficients from the first of at least
two filter banks may comprise fransforming a first of the audio channel signals; and
the determining of the second plurality of frequency coefficients from the second of
the at least two filter banks may comprise transforming a second of the audio

channel signals.

Determining at least two mixing coefficients dependent on the statistical
characteristics of the audio signal may comprise: applying principal component
analysis to the first plurality of frequency coefficients and the second plurality of

frequency coefficients.

According to a second aspect of the invention there is provided an apparatus
comprising a processor configured to: determine a first plurality of frequency
coefficients from a first of at least two filter banks by transforming an audio signal;
determine a second plurality of frequency coefficients from a second of the at least
two fiiter banks by transforming the audio signal; determine at least two mixing
coefficients dependent on the statistical characteristics of the audio signal; and

combine at least one frequency coefficient from the first plurality of frequency



WO 2010/069773 PCT/EP2009/066270

10

15

20

25

30

coefficients with at least one frequency coefficient from the second plurality of
frequency coefficients, wherein the combining is dependent on the at least two

mixing coefficients.

The apparatus may be further configured to determine the first plurality of
frequency components and the second plurality of components by: determining

the first plurality of frequency coefficients with a first time resolution; and
determining the second plurality of frequency coefficients with a second time

resolution.

The apparatus may be further configured to window the audio signal with a window
function of a first length to determine the first time resolution, and window the audio
signal with a window function of a second length to determine the second time

resolution,

The apparatus may be further configured to change at least one of: the length of
the audio signal windowed with the first length window function to be equal to the
length of the audio signal windowed with the second length window; and the length
of the audio signal windowed with the second length window function to be equal to
the length of the audio signal windowed with the first length window.

The apparatus may be further configured to determine the at least two mixing
coefficients by being preferably configured to: calculate a statistical measure
between the first plurality of frequency coefficients and the second plurality of
frequency coefficients; determine at least two uncorrelated basis vectors from the
statistical measure; calculate a basis vector rating measure for each of the at least
two uncorrelated basis vectors; and select a principal basis vector from the at least
two uncorrelated basis vectors, wherein the elements of the principal basis vector

form the at least two mixing coefficients.

The apparatus may be further configured to select the principal basis vector by

being preferably configured to: determine a maximum basis vector rating measure;
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and select the uncorrelated basis vector associated with the maximum basis

vector.

The statistical measure is preferably a covariance matrix, wherein the uncorrelated
basis vector is preferably an eigenvector, and wherein the basis vector rating

measure is preferably an eigenvalue associated with the eigenvector.

The statistical measure is preferably a correlation matrix, wherein the uncorrelated
basis vector is preferably an eigenvector, and wherein the basis vector rating
measure is preferably an eigenvalue associated with the eigenvector.

The apparatus may be further configured to combine the at least one frequency
coefficient from the first plurality of frequency coefficients with the at least one
frequency coefficient from the second plurality of frequency coefficients by
preferably being configured to: weight the at least one frequency coefficient from
the first plurality of frequency coefficients; weight the at least one frequency
coefficient from the second plurality of frequency coefficients; and add the at least
one frequency coefficient from the first plurality of frequency coefficients to the
second plurality of frequency coefficients.

The apparatus may further be configured to weight the at least one frequency
coefficient from the first plurality of frequency coefficients by preferably being
configured to: multiply the at least one frequency coefficient from the first plurality
of frequency coefficients with one of the at least two mixing coefficients dependent

on the statistical characteristics of the audio signal.

The apparatus may further be configured to weight the at least one frequency
coefficient from the second plurality of frequency coefficients by preferably being
configured to: multiply the at least one frequency coefficient from the second
plurality of frequency coefficients with a further of the at least two mixing

coefficients dependent on the statistical characteristics of the audio signal.
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Each of the at least two pluralities of frequency coefficients may comprise at least
two groups of frequency coefficients, and wherein at least one frequency coefficient
from a first of at least two groups of frequency coefficients is preferably the same
frequency coefficient as at least one frequency coefficient from a second of the at

teast two groups of frequency coefficients.

The audio signal may comprise at least two audio channel signals, wherein the
apparatus may be configured to determine the first plurality of frequency
coefficients from the first of at ieast two filter banks by transforming a first of the
audio channel signals; and determine the second plurality of frequency coefficients
from the second of the at least two filter banks comprises by transforming a second

of the audio channel signals.

The apparatus may be further configured to determine at least two mixing
coefficients dependent on the statistical characteristics of the audio signal by
preferably being configured to: apply principal component analysis to the first
plurality of frequency coefficients and the second plurality of frequency coefficients.

According to a third aspect of the invention there is provided a computer-readable
medium encoded with instructions that, when executed by a computer, perform:
determining a first plurality of frequency coefficients from a first of at least two filter
banks by transforming an audio signal; determining a second plurality of frequency
coefficients from a second of the at least two filter banks by transforming the audio
signal; determining at least two mixing coefficients dependent on the statistical
characteristics of the audio signal; and combining at least one frequency coefficient
from the first plurality of frequency coefficients with at least one frequency
coefficient from the second plurality of frequency coefficients, wherein the

combining is dependent on the at least two mixing coefficients.

According to a fourth aspect of the invention there is provided an apparatus
comprising: means for determining a first plurality of frequency coefficients from a
first of at least two filter banks by transforming an audio signal; means for
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determining a second plurality of frequency coefficients from a second of the at
teast two filter banks by transforming the audio signal; means for determining at
least two mixing coefficients dependent on the statistical characteristics of the
audio signal; and means for combining at least one frequency coefficient from the
first plurality of frequency coefficients with at least one frequency coefficient from
the second plurality of frequency coefficients, wherein the combining is dependent

on the at least two mixing coefficients.

The apparatus as described above may comprise an encoder.

An electronic device may comprise the apparatus as described above,

A chipset may comprise the apparatus described above.

Embodiments of the present invention aim to address the above problem.

For better understanding of the present invention, reference will now be made by
way of example to the accompanying drawings in which:

Figure 1 shows schematically an electronic device employing embodiments
of the invention;

Figure 2 shows schematically an audio processing system employing
embodiments of the present invention;

Figure 3 shows schematically an adaptive mixer deploying a first
embodiment of the invention;

Figure 4 shows a flow diagram illustrating the operation of the adaptive
mixer according to embodiments of the invention;

Figure 5 shows schematically a plurality of filter banks according to
embodiments of the invention;
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Figure 6 shows a flow diagram illustrating the operation of the plurality of
filter banks as shown in figure 5 according to embodiments of the invention;

Figure 7 shows a flow diagram illustrating the operation of the mixing
analyser as shown in figure 3 according to embodiments of the invention;

Figure 8 shows schematically spectrograms depicting an embodiment of the
invention; and

Figure 9 shows a further embodiment of the invention.

The following describes apparatus and methods for the provision of adaptively
mixing audio signals. In this regard reference is first made to Figure 1 schematic
block diagram of an exemplary electronic device 10 or apparatus, which may
incorporate an adaptive mixer according to an embodiment of the invention.

The electronic device 10 may for example be a mobile terminal or user equipment

of a wireless communication system.

The electronic device 10 comprises a microphone 11, which is linked via an
analogue-to-digital converter 14 to a processor 21. The processor 21 is further
linked via a digital-to-analogue converier 32 to loudspeakers 33. The processor 21
is further linked to a transceiver (TX/RX) 13, to a user Interface (Ul) 15 and to a

memory 22,

The processor 21 may be configured to execute various program codes. The
implemented program codes comprise an adaptive audio mixing code for
processing the audio signal. The implemented program codes 23 may further
comprise additional code for further processing of the audio signal. The
implemented program codes 23 may be stored for example in the memory 22 for
retrieval by the processor 21 whenever needed. The memory 22 could further
provide a section 24 for storing data, for example data that has been encoded in

accordance with the invention.
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The adaptive audio mixing code may in embodiments of the invention be

implemented in hardware or firmware.

The user interface 15 enables a user to input commands to the electronic device
10, for example via a keypad, and/or to obtain information from the electronic
device 10, for example via a display. The transceiver 13 enables a communication

with other electronic devices, for example via a wireless communication network.

it is to be understood again that the structure of the electronic device 10 could be

supplemented and varied in many ways.

A user of the electronic device 10 may use the microphone 11 for inputting speech
that is to be transmitted to some other electronic device or that is to be stored in
the data section 24 of the memory 22. A corresponding application has been
activated to this end by the user via the user interface 15. This application, which
may be run by the processor 21, causes the processor 21 to execute the encoding
code stored in the memory 22.

The analogue-to-digital converter 14 converts the input analogue audio signal into
a digital audio signal and provides the digital audio signal to the processor 21.

The processor 21 may then process the digital audio signal in the same way as

described with reference to Figures 2 and 3.

The resulting bit stream is provided to the ftransceiver 13 for transmission to
another electronic device. Alternatively, the coded data could be stored in the data
section 24 of the memory 22, for instance for a later transmission or for a later

presentation by the same electronic device 10.

The electranic device 10 could also receive a bit stream with correspondingly
processed data from another electronic device via its transceiver 13. In this case,

the processor 21 may execute the decoding program code stored in the memory
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22. The processor 21 decodes the received data, and provides the decoded data to
the digital-to-analogue converter 32. The digital-to-analogue converter 32 converts
the digital decoded data into analogue audio data and outputs them via the
loudspeakers 33. Execution of the decoding program code could be triggered as
well by an application that has been called by the user via the user interface 15.

The received processed data could also be stored instead of an immediate
presentation via the loudspeakers 33 in the data section 24 of the memory 22, for
instance for enabling a later presentation or a forwarding to stilli another electronic

device,

It would be appreciated that the schematic structures described in figures 2, 3, 5
and 9 and the method steps in figures 4, 6 and 7 represent only a part of the
operation of a complete system comprising an embodiments of the invention as

exemplarily shown implemented in the electronic device shown in figure 1.

The general operation of the adaptive mixer as employed by embodiments of the
invention is shown in figure 2. A general adaptive mixing system may consist of an
adaptive mixer, as illustrated schematically in figure 2. lilustrated is a system 102
with an adaptive mixer 104, and a subsequent signal processing or coding

stage106.

The adaptive mixer 104 processes an input audio signal 110 producing an
adaptively mixed audio signal 112, which may either be stored or passed to a

subsequent stage 1086 for further processing or coding.

Figure 3 shows schematically an adaptive mixer 104 according to a first
embodiment of the invention. The adaptive mixer 104 is depicted as comprising an
input 302 which may be connected to M filter banks 303. It would be appreciated
that the number of filter banks M may be any reasonable number, the actual
number of filter banks being dependent on the embodiment of the invention. The

input 302 may be arranged to receive an audio signal which may then be
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distributed to each filter bank of the M filter banks 303 simultaneously. The output
from each filter bank of the M filter banks 303 may in turn comprise K filter bank
coefficients. The output from the M filter banks 303 may be depicted as M signals
(each having K coefficient values) 304_A to 304_M in figure 3.

The mixing analyser 305 may be configured to accept the filter bank signal 304
from each of the M filter banks 303 and generate as an output a mixing coefficient

signal 306.

The mixer 307 may also be configured to accept each of the filter bank signais 304
from each of the M filter banks 303.

In addition to receiving the M filter bank signals 304 from the filter banks 303, the
mixer 307 may be further arranged to receive as an additional input the mixing
coefficient signal 306 as output from the mixing analyser 305. The mixer 307 may
then be configured to utllise the mixing coefficient signal 306 in order to combine
(or mix) the M fiiter bank signals 304 into an output combined filter bank signal 308.
It is to be understood that the output combined filter bank signal 308 comprises an
individually weighted sum of the M filter bank signals 304.

The adaptive mixer 104 may then be configured to output the combined or mixed
filter bank signal 308 as the signal stream 112.

In a first embodiment of the invention the output combined filter bank signal 308

may be arranged as an individual signal.

In further embodiments of the invention the output combined filter bank signal 308

may be arranged as a plurality of combined filter bank signals.

fin some embodiments of the invention the mixing analyser 305 may be configured
to accept the input audio signal 302 rather than the filter bank signals 304 from

each of the M filter banks 303. In this particular embodiment of the invention the



WO 2010/069773 PCT/EP2009/066270

10

15

20

25

30 -

15

mixing analyser 305 may generate the mixing coefficient signal 306 dependent on
the characteristics of the input signal 302.

The operation of these components is described in more detail with reference to
the flow chart in Figure 4 showing the operation of the adaptive mixer.

The audio signal is received by the adaptive mixer 104 via the input 302. In a first
embodiment of the invention the audio signal from each channel is a digitally
sampled signal. In other embodiments of the present invention the audio input may
comprise a plurality of analogue audio signal sources, for example from a plurality
of microphones distributed within the audio space, which are analogue to digitaily
(A/D) converted. in further embodiments of the invention the multichannel audio
input may be converted from a pulse code modulation digital signal to an amplitude
modulation digital signal.

The receiving of the audio signal is shown in Figure 4 by processing step 401.

The audio signal received via the input 302 is first distributed to the M filter banks
303.

Figure 5 shows a block diagram depicting a generic filter bank structure 303
comprising M filter banks which may be used to generate the M filter bank output
signals from the input audio signal 302 according to embodiments of the invention.
The filter bank structure in figure 5 is shown as having a M individual filter banks

502 capable of filtering the input audio signal 302 represented as x(n) for an time

analysis frame instance n. However it would be appreciated that in other
embodiments of the invention the operation of M filter banks may be carried out
using less than or more than M filter bank structures. For example in one
embodiment of the invention a single filter bank structure may be divided so that
the input audio signal is input to each part of the divided structure to produce the M

filter bank resuit.
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To further assist the understanding of the invention the process of determining the
filter bank coefficients 304 by one of the M filter banks 303 as depicted in figure 5 is

described in more detail with reference to the flow chart on figure 6.

The step of receiving the audio signal at the filter banks 502, from the processing
step 401 from figure 4, is depicted as processing step 601 in figure 6.

In embodiments of the invention each filter bank 502 may convert the time domain
input x(n) into a set of K sub bands, otherwise known as filter bank coefficients.
The set of filter bank coefficients for a particular filter bank i, where 7 is a value

between ¢ and M-1, and time frame instance n may be denoted as
X, = [X,(0,0),% (1), %, (1n,k)...., %, (n, K —1)] where ¥ (n,k) represents the individual
filter bank coefficient & for an analysis frame » . In total there may be M sets of K
filter bank coefficients, one set for each of the M filter banks. The M sets of K filter

bank coefficients may be represented as [¥,, ¥,,...%,, _].

It is to be appreciated that the filter bank coefficients from a filter bank structure
such as that depicted in figure 5 may be calculated for an input time domain signal
on a contiguous frame by frame basis.

It is to be understood in embodiments of the invention that each filter bank 502 may
be realised as a block transform, in which the resultant transform coefficients are in
effect filter bank coefficients.

In embodiments of the invention each member filter bank 502 may comprise a
transform filter bank in which an analysis window function may be applied to the
input audio signal x(») as a first processing or analysis stage.

The step of windowing the input audio signal by a filter bank is shown as
processing step 603 in figure 6.
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In embodiments of the invention each member filter bank may utilise a different
length analysis window as a first processing stage. This allows the plurality of filter
banks to process the input audio signal 302 according to different time resolutions
simultaneously. It is to be understood in embodiments of the invention that a
particular time resolution of a filter bank is determined by the length of the analysis

window,

It is to be understood in embodiments of the invention that the number of transform
coefficients may be determined by the length of the analysis windowing stage 601
when utilising the block transform approach for filter bank analysis. Thus, in the
transform approach as described above each filter bank 502 would produce a
different number of frequency coefficients.

In embodiments of the invention it is desirable that the number of transform
coefficients (or transform length) may be determined to be the same for each filter
bank 502. This ensures that a set of filter coefficients produced from one filter bank
has an identical frequency spacing to that produced by another bank. This identical
coefficient spacing from one filter bank to the next ensures that corresponding filter
coefficients may be combined across multiple banks on a per coefficient basis.

Consequently, in embodiments of the invention the fength of the block transform for
a fiiter bank may be adjusted to a length which is uniform for all filter banks. This
length may take the value of the longest analysis window deployed and hence the

longest transform length applied across the filter bank structure 303.

The process of adjusting the length of the block transform may take the conceptual
form of padding the input analysis window with additional zeroes such that the
desired transform length is achieved. This process may be visualised as inserting
a number of zeroes between each time sample before the input frame is windowed

and analysed by the transform filter bank.
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In embodiments of the invention the effect of the block transform approach is to
interpolate between each valid time sample thereby producing a set of filter bank
coefficients whose frequency resolution is increased to that of the longest

transform size within the filter bank structure.

The step of adjusting the length of an input window function for a filter bank 502 is
depicted as processing step 605 in figure 6.

In a first embodiment of the invention each member filter bank 502 may be
deployed using a short term fourier transform (STFT) where the filter bank
coefficients correspond to the fourier coefficients from the transform.

Typically, in first embodiments of the invention the STFT filter bank may be
implemented in more efficient form as Fast Fourier Transform (FFT).

The step of applying the block transform to the windowed audio data for a filter
bank 502 is shown as processing step 607 in figure 6.

The processing step of filtering the input audio signal with the plurality of M filter
banks is shown as processing step 403 in figure 4.

The mixing analyser 305 may receive as input the sets of fitter bank coefficients as
generated from each of the M filter banks 303. The mixing analyser 305 may then
analyse the coefficients from all banks in order to extract the most salient features
from the data. This data may then be uftilised in order to determine the factors by
which coefficients from one bank are combined with corresponding coefficients

from another bank.

To further assist the understanding of the invention the process of determining the
mixing coefficient signal 306 by the mixing analyser 305 is described in more detail

with reference to the flow chart in figure 7.
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The step of receiving the filter bank coefficients from the M filter banks 303 at the
mixing analyser 305, from processing step 403 from figure 4, is depicted as

processing step 701 in figure 7.

In embodiments of the invention the K filter bank coefficients, which may be
denoted as X, =[¥ (1,0),%, (n,1),.¥, (n,k)..., ¥, (n, K —1)] where ¥(n,k) represents the
individual filter bank coefficient & from a filter bank 502 and for a time analysis
frame 1, may be arranged as a K dimensional row vector as part of an observation
matrix F. The number of rows In the matrix may be determined by the number of
filter banks. For example if the filter bank system 303 deploys M filter banks, then
the number of rows in the matrix would be M. This feature matrix may be

expressed as

[¥(,0) FmD) o X¥k) o F(nK-1)]

[ Xy 0y X)) - X, (k) - X, (K1)

It is to be understood in embodiments of the invention that the observation matrix £
provides a convenient way of collating and representing the filter bank coefficients
from each of the M fifter banks, and that its formation is not necessary for any

subsequent processing stage.

The step of collating the K filter bank coefficients into row vectors from each of the

M filter banks may be shown as processing step 703 in figure 7.

Each row of the observation matrix F may be processed using Principal
Component Analysis (PCA) in order to exploit any correlative relationship between

coefficients from one filter bank to another.
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PCA may be considered as an orthogonal linear transformation which transforms
data to a new coordinate system. The new coordinate system allows the data to be
represented as vectors within the new coordinate system, whereby projection along

a coordinate axis is determined by the variance of the data.

in embodiments of the invention PCA may be applied to the rows of matrix F in
order to exploit any correlative behaviour or entropy between the coefficients from
one filter bank and another. This may comprise as a first step the determination of
statistical similarities between the filter bank coefficients from one bank fo the filter
bank coefficients from another. This measure may be calculatéd in the form of an
M by M symmetrical square matrix whose elements represenfs the correlative

relationships between respective coefficients from different pairs of fiiter banks.

In a first embodiment of the invention the M by M symmetrical square matrix may
be found by calculating the relative correlation between corresponding coefficients
drawn from all possible combinations of pairs of filter banks. This may be
expressed in the form of a M by M correlation matrix in which each element of the
matrix represents the correlation between corresponding coefficients from two of
the M individual fitter banks. The correlation matrix may be expressed for M filter

banks as
[ cor(3,%)  cor(®,F,) o cor(F,E,) - cor(¥,%,) |
cor(X,,X;) cor(¥,,x,) - cor(¥,,X)) cor(X,,%,,)
C= Lo
cor(X, ,x,)
| cor(Xy, X)) e cor(Xy, X)) |

Where cor(3,,%;) represents the correlation between the coefficients from a filter

bank / and a filter bank j and may be expressed as
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k-1 :
cor(X;,%,} = Zx,. (n,k)-x;(n, k)
k=0

Where ¥, (n,k) represents the filter bank coefficient k from a filter bank /, and an

analysis frame n. In other words each element of the matrix C is determined by
5 finding the correlation between coefficients from filter bank i, and their counterpart

coefficients from bank j.

In a second embodiment of the invention the M by M symmetrical matrix may be
determined by calculating the relative covariance between corresponding

10  coefficients from all possible combinations of pairs of filter. This may be expressed
in the form of a covariance matrix in which each element of the matrix represents
the covariance hetween the respective coefficients from two filter banks. The
covariance matrix may be expressed for M filter banks as

[ cov(X,,X;) cov(F,%,) - cov(F,F,) o cov(¥,, %) |
cov(¥,,X;) cov(¥,,¥,) - cov(¥;,X,) -+ cov(X;,X,)

15 C= L.
cov(x,,x)

_COV(.i:M,.izi) v e e T COV(._{'M,E‘M )_

Where cov(¥,,¥,) represents the covariance between the coefficients from a

general filter bank / and a general filter bank j and may be expressed as
K-l
20 cov(®,¥,)= g(x, (k) —m,) - (x;(n,k) ~m;,)

where m, represents the mean of the K filter coefficients for filter bank i, and i,
represents the mean of the K filter coefficients for filter bank j. The means m, and

m, may be expressed respectively as
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o]

l K-1 1
m, =-— > x,(mk)and m, =—
i Ké i( ) J K

gl

-1
X, (n,k)
=0

-

In other words each element of the matrix C is determined by finding the

. covariance between coefficients from filter bank /, and their counterpart coefficients

from bank j.

It is to be understood in embodiments of the invention deploying just two filter

banks the matrix C will be a two by two matrix.

The step of determining the matrix covariance C is depicted by processing step
705 in figure 7.

The set of orthogonal basis vectors defining a vector space for the M sets of filter
hank coefficients may be determined by diagonalizing the matrix C.

Diagonalization of the matrix C may be expressed mathematically as
VICV =D

where V is an M by M matrix comprising the eigenvectors of C, whereby an the
eigenvectors may form the columns of the matrix V. An eigenvector of M may be

denoted by ¥ and the matrix V may be represented as ¥ =[%,%, - ¥,]. ¥
denotes the inverse of the matrix V. The matrix D denotes the diagonalization of

the matrix C, whose leading diagonal comprises the eigenvalues of C.

It is to be understood in embodiments of the invention each eigenvector may be of

dimension M.
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In embodiments of the invention an eigenvalue A of C may be calculated by

solving the determinant of the matrix (C-AI) for A, otherwise known as the

characteristic polynomial
det{(C - AY=0
where det denotes the determinant of the matrix, and / is the identity matrix.

In further embodiments of the invention alternative iterative measures may be
deployed in order to determine the eigenvalues of the matrix C. These alternative
iterative measures may be more suitable for determining the eigenvalues for
symmetrical matrices whose orders are greater than three. In other words iterative
methods may be more appropriate for embodiments of the invention deploying four
or more filter banks. Examples of such iterative techniques include the methods of
Tridiagonalization, QR-Factorization and the Power Method.

It is to be understood in embodiments of the invention the number of eigenvalues
produced by the above outlined technique may generally correspond to the number
of filter banks M.

The eigenvectors of C may be found by considering the vectors ¥ which satisfy the

following the vector equation
Cy = Ay

The above veclor equation may be solved for an eigenvalue 2 in order to
determine an eigenvector ¥. In other words the above equation will yield an

eigenvector ¥ for each eigenvalue A.

It is to be understood in embodiments of the invention that an M by M matrix C may
yield M eigenvalues which in turn wil result in M eigenvectors i, each vector being

of dimension M.
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The step of determining the eigenvalues and corresponding eigenvectors of the

matrix covariance matrix C is shown as processing step 707 in figure 7.

in embodiments of the invention the eigenvectors of the covariance matrix C

denoted by the column vectors [#,%, - ¥, ] of the matrix V may be considered

as the orthogonal basis vectors of a finear orthogonal transformation system for the
representation of the filter bank coefficients. In other words the eigenvectors may
be considered as a new set of coordinate axes in a vector space, and the filter
bank coefficients may be represented as projections along these new axes.

It is to be understood that the projection of the data along a particular axis of the
new set of coordinate axes may be determined by its variance when projected
along that axis. Further, the order of the axes is determined by the relative variance
of the data when projected along the axis. For instance the greatest variance by
any projection of the data will lie on the first coordinate, otherwise known as the
principal component. This particular coordinate axis may be determined to be the
eigenvector corresponding to the largest eigenvalue. The order of subsequent
coordinate axes may also be determined by the relative magnitude of their
respective eigenvalues, and therefore the relative variance of the data when

projected along the axis.

in embodiments of the invention the lower variance by any projection of the data
may lie along the higher coordinates. Therefore these higher coordinate axes may

be viewed as being less important for characterising the data.

The mixing analyser 305 may then select a sub set of eigenvectors in order to

formulate the mixing coefficients.

In embodiments of the invention the eigenvéctor associated with the largest
eigenvalue may be selected. This selected eigenvector may be otherwise known in

the art as the principal component or principal eigenvector of the matrix V.
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It is to be understood in embodiments of the invention that the elements of this
principal eigenvector may constitute the mixing coefficients for any subsequent

processing stages.

In embodiments of the invention the principal eigenvector together with the

corresponding mixing coefficients may be expressed as

- T
vA""[Vi L4 T "M]

where ¥, denotes the principal eigenvector, in other words the eigenvector from V
corresponding to the largest eigenvalue. The symbol v, denotes the elements of

the principal eigenvector which are used to form the mixing coefficient signal 306.

The step of selecting the principal eigenvector to form the mixing coefficients is

shown as processing step 709 in figure 7.

Once the mixing coefficients have been determined by the mixing analyser 305, the
mixing coefficients may be passed to the mixer 307 via the mixing coefficient signal
306.

The step depicting the overall determination of the mixing coefficients from the M
filter bank coefficients by the mixing analyser 305 is shown as processing step 405

in figure 4.

The mixing coefficients may be used by the mixer 307 to combine the filter bank
coefficients from each of the M filter banks in order to produce the combined filter
bank signal 308.
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in embodiments of the invention the combining operation in the mixer 307 may be
performed on coefficient by coefficient basis where coefficients from one filter bank

may be combined with its counterpart coefficients from the other banks.

In embodiments of the invention the combined filter bank signal 308 may be first
achieved by weighting a filter bank coefficient from one bank with a particular
element of the principal eigenvector, weighting a counterpart filter bank coefficient
from another bank with a different element of the principal eigenvector, and then
summing the correspondingly weighted filter bank coefficients. This process of
weighting the coefficient from a filter bank and then summing with other
correspondingly weighted coefficients from other banks may be repeated across all
filter banks to provide for a combined fiiter bank coefficient.

In embodiments of the invention a combined filter bank coefficient may be

determined as

Fh) = v, *F (k) vy * B, () + oo+ vy, ¥ 5, (K)

where Z(k) represents the kth combined filter bank coefficient. It can be seen from
the above equation that the kth combined filter bank coefficient may be determined
to be the linear combination of the weighted kth filter bank coefficient from each of
the M filter banks.

It is to be understood in embodiments of the invention that all filter bank coefficients
from a particular bank may be weighted using the same element from the principal
eigenvector. For example, by reference to the above expression, all coefficients
from the first filter bank may be weighted using the weighting coefficient (or

principal eigenvector element) v, , and all coefficients from the second filter bank

may be weighted using the weighting coefficient v,, and so on.
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Further, it may be ascertained from the above equation that each filter bank
coefficient may be weighted by its respective mixing coefficient (or eigenvector
element) before being combined with the weighted coefficients from the other

banks.

The step depicting the overall determination of the combined (or mixed) filter bank
signal mixer 307 is shown as processing step 407 in figure 4.

It is to be understood in embodiments of the invention that generally the set of K
filter bank coefficients X, from each filter bank may be treated as a single vector,

whose elements comprise the filter coefficients of the respective filter bank. In
these embodiments of the invention the above described process may be applied
to the complete set of filter bank coefficients as a whole. In other words the above

described process may be applied to the entire length of the vector.

In further embodiments of the invention the K dimensional vector ¥, whose

T

elements comprise the coefficients of a filter bank may be partitioned into a number
of consecutive sub vectors. Each sub vector may comprise a contiguous sub set of
elements (or filter banks coefficients) of the original vector.

In yet further embodiments of the invention the K dimensional filter bank coefficient

vector X, may be partitoned into a number of overlapping consecutive sub

vectors. Each sub vector may comprise a sub set of fiiter bank coefficients, in
which the coefficients from one sub vector may overlap with the coefficients from a
neighbouring sub vector. In other words neighbouring sub vectors may share

common filter bank coefficients,

For example in embodiments of the invention, each K dimensional filter bank

coefficient vector X, which may be denoted as

X, =[% (00, % (nD,.5 (n,k)....,%,(n,K —1)] where ¥ (n,k) represents the individual
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filter bank coefficient ¥ may be divided into Q sub vectors. Each sub vector

X ,,May comprise a sub set of consecutive filter bank coefficients drawn from the
vector X,. For instance, a sub vector g, X,,, of the filter bank coefficient vector

X , may be comprised of the following contiguous filter bank coefficients
fi;j,q = [i:’i(n:k_'3)si:’i(n:km 2)53‘:": (ﬁ,k '_'1))3:"1(”:]")::{:1'(”:;( +I)93‘:’i(”:k+ 2)]

In an example of embodiments of the invention in which the coefficients of a filter
bank may be partitioned into a number of non overlapping consecutive sub vectors,

the subsequent sub vector g+1, X, ,, of the filter bank coefficient vector X, may

be comprised of the following contiguous filter bank coefficients

X, =Rk +3),% 00,k +4),5 00,k +5),% (0, k +6),%, (n, k + 7), %, (1, k + 8)]

f.g+1

Further, in an example of embodiments of the invention whereby the coefficients of
a filter bank may be partitioned into a number of overlapping consecutive sub

vectors, the subsequent sub vector g+7, )?f,qﬂ of the filter bank coefficient vector

X . may be comprised of the following contiguous filter bank coefficients
X =B 0L 0,k + 1), 5, (0, k +2),%,(n,k +3),%,(n,k +4),%,(n,k + 5)]

It is to be understood in the above example that the partition of the filter bank
coefficient vector X, into a number of overlapping consecutive sub vectors has

H

been depicted using a 50% overlap.

Further embodiments of the invention may deploy a 33% overlap.



WO 2010/069773 PCT/EP2009/066270

10

15

20

25

30

29

It is to be appreciated in embodiments of the invention deploying an overlapping
scheme for the partitioning of a filter bank coefficient vector )?,. that any number of

overlapping ratios may be used, and that generally the performance of the adaptive

combiner is improved by deploying a greater ratio of overlap.

It is to be further appreciated in embodiments of the invention that the overlapping
ratio may be determined experimentally in order to balance processing needs with

the performance requirements of the adaptive combiner.

it is to be understood that partitioning the filter bank coefficient vector into a
number of sub vectors has the effect of dividing each filter bank spectrum into sub
regions, where each sub region is represented by a sub vector comprising a
contiguous set of filter bank coefficients.

In embodiments of the invention the methods of determining the mixing coefficients
and combining the filter bank coefficients as described above may be applied at a
sub vector level. In other words coefficients from a sub vector from a particular filter
bank may be combined with the corresponding coefficients from counterpart sub
vectors from the other filter banks.

It is to be understood that the entire spectrum may be processed by repeating the
processing steps 405 and 407 for each sub vector individually. The processing
steps 406 and 407 may be repeated until all sub vectors within the filter bank

coefficient vector are processed.

Embodiments of the invention which divide the filter bank coefficient vector into a
number of sub vectors may be viewed as a piecewise approach to creating the
combined filter bank spectrum, whereby the final combined spectrum is formed by
an additional processing step of concatenating the combined sub vectors.

In some embodiments of the invention the input to the M filter banks 303 may

comprise a number of audio frames concatenated to form a super frame. in such



WO 2010/069773 PCT/EP2009/066270

10

15

20

25

30

30

embodiments each individual audio frame which comprises the super frame may
be processed individually by the M filter banks 303. The super frame may then be
formed by concatenating the sets of filter bank coefficients corresponding to the
individual audio frames. The process of formulating the super frame may be done
for each filter bank output signal 304_A to 304_M.

In embodiments of the invention which deploy a super frame structure, each
concatenated super frame as produced at the outputs 304_A to 304_M of the
plurality of filter banks 303 may be arranged as a row vector within the PCA
observation matrix F. In such embodiments of the invention the PCA processing
steps of 701 to 709 may be performed over the entire length of the super frame.

In further embodiments of the invention which deploy a super frame of
concatenated frames of filter bank coefficients, the concatenated super frame may
be divided into a number of sub vectors. In these embodiments the PCA process of
steps 701 to 709 may be performed over the length of the corresponding sub

vectors from each filter bank.

It is to be appreciated in embodiments of the invention that as a result of
calculating the spectral coefficients on a frame by frame basis the frequency
spectrum of any resultant signal may be displayed in the form of three-dimensional
plot called a spectrogram. The spectrogram of signal displays a plot of the energy

of the frequency content of a signal as it changes in time.

Figure 8 is a schematic showing the combining of two filter bank si‘gnais according
to a particular embodiment of the invention. The embodiment depicted by Figure 8
comprises the method of dividing the output from each filter bank into a number of
sub vectors, and then performing the processing steps of 405 and 407 across all

filtter banks on a sub vector by sub vector basis.

The signals in Figure 8 are depicted in the form of spectrograms. In this

embodiment of the invention the first filter bank coefficient signal may be obtained
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by filtering the input audio signal according to a high time resolution, as depicted by
spectrogram 801 in Figure 8. The second filter bank coefficient signal may be
obtained by filtering the input signal according to a low time resolution. This second
filter bank signal may be depicted by the spectrogram 803 in Figure 8,

Figure 8 depicts the mixing of a filter bank coefficient sub vector g 8011 from the
first filter bank with the filter bank coefficient vector q 8031 from the second filter
bank according to an embodiment of the invention. In this depiction of the
embodiment of the invention the sub vectors g from each of the first and second
filter banks 8011 and 8031 are passed to the mixing analyser 305 via the
connections 304_A and 304_B. The mixing analyser 305 may then analyse the sub
vectors g from each of the filter banks in order to determine the mixing coefficient
signal 306. In this particular deployment of the embodiment of the invention the
mixing coefficient signal 306 will be vector comprising two elements. The mixer 307
may then use the mixing coefficient signal 306 to weight and combine the elements
of sub vectors g 8011 and 8031 from each of the filter banks in order to determine
the combined sub vector q 8051.

It is to be appreciated that embodiments of the invention may effectuate the
adaptive combining of muitiple filter bank signals by adaptively mixing the signals
according to dominant features present in the audio signal at the time of mixing.

Additionally, the adaptive mixing (or combining) as implemented by embodiments
of the invention may be viewed as a form of data driven mixing, where the mixing
coefficients are continually being adapted to the dominant characteristics of the
input audio signal. In other words the mixing coefficients are continually being
adapted on a frame by frame basis according to the results of the principal

component analysis (PCA) as determined by the mixing analyser 305.

It is to be further appreciated that this adaptive mixing or combining effect may be
facilitated by utilising the muilti fiiter bank approach as described by embodiments
of the invention. By using this approach different characteristics of the input audio
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signal may be apportioned to the various filter banks depending on the time

resolution of the input windowing function.

For example, when an audio signal may exhibit an onset characteristic, in other
words where the signal changes from a low energy region to a low high energy
region, it may be more suitably captured by a filter bank deploying a high time
resolution (low frequency resolution) window. In this example the mixing
coefficients from the PCA as calculated by the mixing analyser 305 may determine
that high time resolution filtter bank signal forms the predominant contribution to the
combined filter bank signal.

In a further example, the audio signal may exhibit a steady state signal
characteristic. In this case the signal may be more accurately represented by the
filter bank deploying a low time resolution (high frequency resolution) window. In
this particular example the mixing coefficients from the PCA may bias the relative
contribution within the combined fifter bank signal in favour of the longer time

resolution filter bank signal.

Figure 9 depicts a further embodiment of the invention where the input to the
adaptive mixer 104 may be arranged to receive an audio signal 901 comprising a
plurality of M channels. Each channel of the input audio signal may then be
assigned to one of M individual filter banks 303, whereby the time resolution of
each filter bank may be adapted or tuned to the particular characteristics of the
input audio channel. The filter bank coefficients 304 from each of the filter banks
may then be combined using the mixing analyser 305 and mixer 307 according to

the embodiments of the invention.

Embodiments of the invention configured to receive multiple audio input signals
may be particularly advantageous for combining audic signals from different
sources. For example, the embodiment as depicted in figure 9 may be used to

combine the plurality of signails from a microphone array.
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Although the above examples describe embodiments of the invention operating an
adaptive mixer operating within a codec within an electronic device 10 or
apparatus, it would be appreciated that the invention as described below may be
implemented as part of any audio processing stage within a chain of audio

processing stages.

Thus user equipment may comprise an adaptive mixer such as those described in
embodiments of the invention above.

it shall be appreciated that the term user equipment is intended to cover any
suitable type of wireless user equipment, such as mobile telephones, portable data

processing devices or portable web browsers.

Furthermore elements of a public land mobile network (PLMN) may also comprise

audio codecs as described above.

In general, the various embodiments of the invention may be implemented in
hardware or special purpose circuits, software, fogic or any combination thereof.
For example, some aspects may be implemented in hardware, while other aspects
may be implemented in firmware or software which may be executed by a
controller, microprocessor or other computing device, although the invention is not
limited thereto. While various aspects of the invention may be illustrated and
described as block diagrams, flow charts, or using some other pictorial
representation, it is well understood that these blocks, apparatus, systems,
techniques or methods described herein may be implemented in, as non-limiting
examples, hardware, software, firmware, special purpose circuits or logic, general
purpose hardware or controller or other computing devices, or some combination

thereof,

The embodiments of this invention may be implemented by computer software
executable by a data processor of the mobile device, such as in the processor
entity, or by hardware, or by a combination of software and hardware. Further in

this regard it should be noted that any blocks of the logic flow as in the Figures may
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represent program steps, or interconnected logic circuits, blocks and functions, or a
combination of program steps and logic circuits, blocks and functions. The software
may be stored on such physical media as memory chips, or memory blocks
implemented within the processor, magnetic media such as hard disk or floppy
disks, and optical media such as for example DVD and the data variants thereof,
CD.

The memory may be of any type suitable to the local technical environment and
may be implemented using any suitable data storage technology, such as
semiconductor-based memory devices, magnetic memory devices and systems,
optical memory devices and systems, fixed memory and removable memory. The
data processors may be of any type suitable to the local technical environment,
and may include one or more of general purpose computers, special purpose
computers, microprocessors, digital signal processors (DSPs), application specific
integrated circuits (ASIC), gate level circuits and processors based on multi-core

processor architecture, as non-limiting examples.

Embodiments of the inventions may be practiced in various components such as
integrated circuit modules. The design of integrated circuits is by and large a
highly automated process. Complex and powerful software tools are available for
converting a logic level design into a semiconductor circuit design ready to be
etched and formed on a semiconductor substrate.

Programs, such as those provided by Synopéys, Inc. of Mountain View, California
and Cadence Design, of San Jose, California automatically route conductors and
focate components on a semiconductor chip using well established rules of design
as well as libraries of pre-stored design modules. Once the design for a
semiconductor circuit has been completed, the resultant design, in a standardized
electronic format (e.g., Opus, GDSH, or the like) may be transmitted to a

semiconductor fabrication facility or "fab" for fabrication.



WO 2010/069773 PCT/EP2009/066270

35

The foregoing description has provided by way of exemplary and non-limiting
examples a full and informative description of the exemplary embodiment of this
invention. However, various modifications and adaptations may become apparent
to those skilled in the relevant arts in view of the foregoing description, when read
5 in conjunction with the accompanying drawings and the appended claims.
However, all such and similar modifications of the teachings of this invention will

still fall within the scope of this invention as defined in the appended claims.
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Claims

1. A method comprising:

determining a first plurality of frequency coefficients from a first of at least
two filter banks by transforming an audio signal;

determining a second plurality of frequency coefficients from a second of the
at least two filter banks by transforming the audio signal;

determining at least two mixing coefficients dependent on the statistical
characteristics of the audio signal; and

combining at least one frequency coefficient from the first plurality of
frequency coefficients with at least one frequency coefficient from the second
plurality of frequency coefficients, wherein the combining is dependent on the at
least two mixing coefficients.

2. The method according to claim 1, wherein determining the first plurality of
frequency components and the second plurality of components comprises:
determining the first plurality of frequency coefficients with a first time
resolution; and
determining the second plurality of frequency coefficients with a second time

resolution.

3. The method according to claim 2, wherein the first time resolution is
determined by windowing the audio signal with a window function of a first length,
and wherein the second time resolution is determined by windowing the audio

signal with a window function of a second length.

4, The method according to claim 3, further comprising changing at least one
of:

the length of the audio signal windowed with the first length window function
to be equal to the length of the audio signal windowed with the second fength

window; and
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the length of the audio signal windowed with the second length window
function to be equal to the length of the audio signal windowed with the first length

window.

5, The method according to claims 1 to 4, wherein determining the at least two
mixing coefficients comprises:

calculating a statistical measure between the first plurality of frequency
coefficients and the second plurality of frequency coefficients;

determining at least two uncorrelated basis vectors from the statistical
measure;

calculating a basis vector rating measure for each of the at least two

uncorrelated basis vectors; and

selecting a principal basis vector from the at least two uncorrelated basis
vectors, wherein the elements of the principal basis vector form the at least two

mixing coefficients,

6. The method according to claim 5, wherein selecting the principal basis
vector comprises:

determining a maximum basis vector rating measure; and

selecting the uncorrelated basis vector associated with the maximum basis

vector,

7. The method according to claims 5 and 6, wherein the statistical measure is
a covariance matrix, wherein the uncorrelated basis vector is an eigenvector, and
wherein the basis vector rating measure is an eigenvalue associated with the

eigenvector.

8. The method according to claims 5 and 6, wherein the statistical measure is

a correlation matrix, wherein the uncorrelated basis vector is an eigenvector, and

‘wherein the basis vector rating measure is an eigenvalue associated with the

eigenvector.
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9. The method according to claims 1 to 8, wherein combining the at least one
frequency coefficient from the first plurality of frequency coefficients with the at
least one frequency coefficient from the second plurality of frequency coefficients
comprises:

weighting the at least one frequency coefficient from the first plurality of
frequency coefficients;

weighting the at least one frequency coefficient from the second plurality of
frequency coefficients; and

adding the at least one frequency coefficient from the first plurality of

frequency coefficients to the second plurality of frequency coefficients.

10. The method according to claim 9, wherein weighting the at least one
frequency coefficient from the first plurality of frequency coefficients comprises:

multiplying the at least one frequency coefficient from the first plurality of
frequency coefficients with one of the at least two mixing coefficients dependent on
the statistical characteristics of the audio signal.

11. The method according to claim 10, wherein weighting the at least one
frequency coefficient from the second plurality of frequency coefficients comprises:

multiplying the at least one frequency coefficient from the second plurality of
frequency coefficients with a further of the at least two mixing coefiicients

dependent on the statistical characteristics of the audio signal.

12. The method according to any of claims 1 to 11, wherein each of the at least
two pluralities of frequency coefficients comprises at least two groups of frequency
coefficients, and wherein at least one frequency coefficient from a first of at least
two groups of frequency coefficients is the same frequency coefficient as at least
one frequency coefficient from a second of the at least two groups of frequency

coefficients.

13. The method according to any one of claims 1 to 12 wherein the audio signal

comprises at least two audio channel signals, wherein the determining of the first
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plurality of frequency coefficients from the first of at least two filter banks comprises.
transforming a first of the audio channel signals; and the determining of the second
plurality of frequency coefficients from the second of the at least two filter banks

comprises transforming a second of the audio channel signals.

14. The method according to any one of claims 1 to 13, wherein determining at
least two mixing coefficients dependent on the statistical characteristics of the
audio signal comprises:

applying principal component analysis to the first plurality of frequency

coefficients and the second plurality of frequency coefficients.

15.  An apparatus comprising a processor configured to:

determine a first plurality of frequency coefficients from a first of at least two
filter banks by transforming an audio signal;

determine a second plurality of frequency coefficients from a second of the
at least two filter banks by transforming the audio signal;

determine at least two mixing coefficients dependent on the statistical
characteristics of the audio signal; and

combine at least one frequency coefficient from the first plurality of
frequency coefficlents with at least one frequency coefficient from the second
plurality of frequency coefficients, wherein the combining is dependent on the at

least two mixing coefficients.

16,  The apparatus according to claim 15, further configured to determine the
first plurality of frequency components and the second plurality of components by:
determining the first plurality of frequency coefficients with a first time
resolution; and
determining the second plurality of frequency coefficients with a second time

resolution.

17. The apparatus according to claim 16, further configured to window the audio

signal with a window function of a first length to determine the first time resolution,
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and window the audio signal with a window function of a second length to

determine the second time resolution.

18. The apparatus according to claim 17, further configured to change at least
one of:

the length of the audio signal windowed with the first length window function
to be equal to the length of the audio signal windowed with the second length
window; and

the length of the audio signal windowed with the second length window
furiction to be equal to the length of the audio signal windowed with the first length

window.

19.  The apparatus according to claims 15 to 18, further configured to determine
the at least two mixing coefficients by being configured to:

calculate a statistical measure between the first plurality of frequency
coefficients and the second plurality of frequency coefficients;

determine at least two uncorrelated basis vectors from the statistical
measure;

calculate a basis vector rating measure for each of the at least two
uncorrelated basis vectors; and

select a principal basis vector from the at least two uncorrelated basis
vectors, wherein the elements of the principal basis vector form the at least two

mixing coefficients.

20. The apparatus according to claim 19, further configured to select the
principal basis vector by being configured to:

determine a maximum basis vector rating measure; and

select the uncorrelated basis vector associated with the maximum basis

vector.

21. The apparatus according to claims 19 and 20, wherein the statistical
measure is a covariance matrix, wherein the uncorrelated basis vector is an
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eigenvector, and wherein the basis vector rating measure is an eigenvalue

associated with the eigenvector.

22. The apparatus according to claims 19 and 20, wherein the statistical
measure is a comelation matrix, wherein the uncorrelated basis vector is an
eigenvector, and wherein the basis vector rating measure is an eigenvalue

associated with the eigenvector.

23. The apparatus according to claims 15 to 22, further configured to combine
the at least one frequency coefficient from the first plurality of frequency
coefficients with the at least one frequency coefficient from the second plurality of
frequency coefficients by being configured to:

weight the at least one frequency coefficient from the first plurality of
frequency coefficients;

weight the at least one frequency coefficient from the second plurality of
frequency coefficients; and

add the at least one frequency coefficient from the first plurality of frequency
coefficients to the second plurality of frequency coefficients.

24, The apparatus according to claim 23, further configured to weight the at
least one frequency coefficient from the first plurality of frequency coefficients by
being configured to:

multiply the at least one frequency coefficient from the first plurality of
frequency coefficients with one of the at least two mixing coefficients dependent on
the statistical characteristics of the audio signal.

25. The apparatus according to claim 24, further configured to weight the at
least one frequency coefficient from the second plurality of frequency coefficients
by being configured to;

multiply the at least one frequency- coefficient from the second plurality of
frequency coefficients with a further of the at least two mixing coefficients
dependent on the statistical characteristics of the audio signal.
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26. The apparatus according to any of claims 15 to 25, wherein each of the at
least two pluralities of frequency coefficients comprises at least two groups of
frequency coefficients, and wherein at least one frequency coefficient from a first of
at least two groups of frequency coefficients is the same frequency coefficient as at
least one frequency coefficient from a second of the at least two groups of

frequency coefficients.

27. The apparatus according to any one of claims 15 to 26 wherein the audio
signal comprises at least two audio channel signals, wherein the apparatus is
configured to determine the first plurality of frequency coefficients from the first of
at least two filter banks by transforming a first of the audio channel signals; and
determine the second plurality of frequency coefficients from the second of the at
teast two filter banks comprises by transforming a second of the audio channel

signals.

28. The apparatus according o any one of claims 15 to 27, further configured to
determine at least two mixing coefficients dependent on the statistical
characteristics of the audio signal by being configured to:

apply principal component analysis to the first plurality of frequency
coefficients and the second plurality of frequency coefficients.

29. A computer-readable medium encoded with instructions that, when
executed by a computer, perform:

determining a first plurality of frequency coefficients from a first of at least
two filter banks by transforming an audio signal;

determining a second plurality of frequency coefficients from a second of the
at least two filter banks by transforming the audio signal;

determining at feast two mixing coefficients dependent on the statistical
characteristics of the audio signal; and

combining at least one frequency coefficient from the first plurality of

frequency coefficients with at least one frequency coefficient from the second
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plurality of frequency coeflicients, wherein the combining is dependent on the at

[east two mixing coefficients.

30.  An apparatus comprising:

means for determining a first plurality of frequency coefficients from a first of
at least two filter banks by transforming an audio signal;

means for determining a second plurality of frequency coefficients from a
second of the at least two filter banks by transforming the audio signal;

means for determining at least two mixing coefficients dependent on the
statistical characteristics of the audio signal; and

means for combining at least one frequency coefficient from the first plurality
of frequency coefficients with at least one frequency coefficient from the second
plurality of frequency coefficients, wherein the combining is dependent on the at

least two mixing coefficients.

31.  The apparatus as claimed in claims 15 to 28, comprising an encoder.

32.  An electronic device comprising apparatus as claimed in claims 15 to 28,

33. A chipset comprising apparatus as claimed in claims 15 to 28.
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