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IMPROVED SUBBAND BLOCK BASED HARMONIC TRANSPOSITION

TECHNICAL FIELD

The present document relates to audio source coding systems which make use of a
harmonic transposition method for high frequency reconstruction (HFR), as well as to
digital effect processors, e.g. exciters, where generation of harmonic distortion add
brightness to the processed signal, and to time stretchers where a signal duration is

prolonged with maintained spectral content.

BACKGROUND OF THE INVENTION

In WO 98/57436 the concept of transposition was established as a method to recreate a

high frequency band from a lower frequency band of an audio signal. A substantial saving

in bitrate can be obtained by using this concept in audio coding. In an HFR based audio
coding system, a low bandwidth signal is presented to a core waveform coder and the
higher frequencies are regenerated using transposition and additional side information
of very low bitrate describing the target spectral shape at the decoder side. For low
bitrates, where the bandwidth of the core coded signal is narrow, it becomes increasingly
important to recreate a high band with perceptually pleasant characteristics. The
harmonic transposition defined in WO 98/57436 performs well for com plex musical
material in a situation with low cross over frequency. The document WO 98/57436 is
incorporated by reference. The principle of a harmonic transposition is that a sinusoid

with frequency o is mapped to a sinusoid with frequency Q,» where Q,>1isan

integer defining the order of the transposition. In contrast to this, a single sideband
modulation (SSB) based HFR maps a sinusoid with frequency o to a sinusoid with
frequency o+ Aw where Aw is a fixed frequency shift. Given a core signal with low
bandwidth, a dissonant ringing artifact will typically result from the SSB transposition.
Due to these artifacts, harmonic transposition based HFR are generally preferred over
SSB based HFR.
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[n order to reach an improved audio quality, high quality harmonic transposition based
HFR methods typically employ complex modulated filterbanks with a fine frequency
resolution and a high degree of oversampling in order to reach the required audio quality.
The fine frequency resolution is usually employed to avoid unwanted intermodulation
distortion arising from the nonlinear treatment or processing of the different subband
signals which may be regarded as sums of a plurality of sinusoids. With sufficiently
narrow subbands, i.e. with a sufficiently high frequency resolution, the high quality
harmonic transposition based HFR methods aim at having at most one sinusoid in each
subband. As a result, intermodulation distortion caused by the nonlinear processing may
be avoided. On the other hand, a high degree of oversampling in time may be beneficial
in order to avoid an alias type of distortion, which may be caused by the filterbanks and
the nonlinear processing. In addition, a certain degree of oversampling in frequency may
be necessary to avoid pre-echoes for transient signals caused by the nonlinear

processing of the subband signals.

Furthermore, harmonic transposition based HFR methods generally make use of two
blocks of filterbank based processing. A first portion of the harmonic transposition based
HFR typically employs an analysis/synthesis filterbank with a high frequency resolution
and with time and/or frequency oversampling in order to generate a high frequency
signal component from a low frequency signal component. A second portion of harmonic
transposition based HFR typically employs a filterbank with a relatively coarse frequency
resolution, e.g. a QMF filterbank, which is used to apply spectral side information or HFR
information to the high frequency component, i.e. to perform the so-called HFR
processing, in order to generate a high frequency component having the desired spectral
shape. The second portion of filterbanks is also used to combine the low frequency
signal component with the modified high frequency signal component in order to provide

the decoded audio signal.

As a result of using a sequence of two blocks of filterbanks, and of using
analysis/synthesis filterbanks with a high frequency resolution, as well as time and/or
frequency oversampling, the computational complexity of harmonic transposition based
HFR may be relatively high. Consequently, there is a need to provide harmonic

transposition based HFR methods with reduced computational complexity, which at the
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same time provides good audio quality for various types of audio signals (e.g. transient

and stationary audio signals).

SUMMARY OF THE INVENTION

According to an aspect, so-called subband block based harmonic transposition may be
used to suppress intermodulation products caused by the nonlinear processing of the
subband signals. L.e. by performing a block based nonlinear processing of the subband
signals of a harmonic transposer, the intermodulation products within the subbands may
be suppressed or reduced. As a result, harmonic transposition which makes use of an
analysis/synthesis filterbank with a relatively coarse frequency resolution and/or a
relatively low degree of oversampling may be applied. By way of example, a QMF

filterbank may be applied.

The block based nonlinear processing of a subband block based harmonic transposition
system comprises the processing of a time block of complex subband samples. The
processing of a block of complex subband samples may comprise a common phase
modification of the complex subband samples and the superposition of several modified
samples to form an output subband sample. This block based processing has the net
effect of suppressing or reducing intermodulation products which would otherwise occur

for input subband signals comprising of several sinusoids.

In view of the fact that analysis/synthesis filterbanks with a relatively coarse frequency
resolution may be employed for subband block based harmonic transposition and in view
of the fact that a reduced degree of oversampling may be required, harmonic
transposition based on block based subband processing may have reduced
computational complexity compared with high quality harmonic transposers, i.e. harmonic
transposers having a fine frequency resolution and using sample based processing. At
the same time, it has been shown experimentally that for many types of audio signals the
audio quality which may be reached when using subband block based harmonic
transposition is almost the same as when using sample based harmonic transposition.
Nevertheless, it has been observed that the audio quality obtained for transient audio
signals is generally reduced compared to the audio quality which may be achieved with

high quality sample based harmonic transposers, i.e. harmonic transposers using a fine
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frequency resolution. It has been identified that the reduced quality for transient signals

may be due to the time smearing caused by the block processing.

In addition to the quality issues raised above, the complexity of subband block based

harmonic transposition is still higher than the complexity of the simplest SSB based HFR
methods. This is so because several signals with different transposition orders @ are

usually required in the typical HFR applications in order to synthesize the required

bandwidth. Typically, each transposition order O, of block based harmonic transposition

requires a different analysis and synthesis filter bank framework.

In view of the above analysis, there is a particular need for improving the quality of
subband block based harmonic transposition for transient and voiced signals while
maintaining the quality for stationary signals. As will be outlined in the following, the
quality improvement may be obtained by means of a fixed or signal adaptive modification
of the nonlinear block processing. Furthermore, there is a need for further reducing the
complexity of subband block based harmonic transposition. As will be outlined in the
following, the reduction of computational complexity may be achieved by efficiently
implementing several orders of subband block based transposition in the framework of a
single analysis and synthesis filterbank pair. As a result, one single analysis/synthesis
filterbank, e.g. a QMF filterbank, may be used for several orders of harmonic

transposition 0, . In addition, the same analysis/synthesis filterbank pair may be applied

for the harmonic transposition (i.e. the first portion of harmonic transposition based HFR)
and the HFR processing (i.e. the second portion of harmonic transposition based HFR),
such that the complete harmonic transposition based HFR may rely on one single
analysis/synthesis filterbank. In other words, only one single analysis filterbank may be
used at the input side to generate a plurality of analysis subband signals which are
subsequently submitted to harmonic transposition processing and HFR processing.
Eventually, only one single synthesis filterbank may be used to generate the decoded

signal at the output side.

According to an aspect a system configured to generate a time stretched and/or
frequency transposed signal from an input signal is described. The system may comprise

an analysis filterbank configured to provide an analysis subband signal from the input
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signal. The analysis subband may be associated with a frequency band of the input

signal. The analysis subband signal may comprise a plurality of complex valued analysis
samples, each having a phase and a magnitude. The analysis filterbank may be one of a
quadrature mirror filterbank, a windowed discrete Fourier transform or a wavelet
transform. In particular, the analysis filterbank may be a 64 point quadrature mirror

filterbank. As such, the analysis filterbank may have a coarse frequency resolution.

The analysis filterbank may apply an analysis time stride Az, to the input signal and/or
the analysis filterbank may have an analysis frequency spacing Af, , such that the

frequency band associated with the analysis subband signal has a nominal width Af,
and/or the analysis filterbank may have a number N of analysis subbands, with N > 1,
where n is an analysis subband index with #»=0,..., ;N —1. It should be noted that due to
the overlap of adjacent frequency bands, the actual spectral width of the analysis

subband signal may be larger than Af,. However, the frequency spacing between

adjacent analysis subbands is typically given by the analysis frequency spacing Af,.

The system may comprise a subband processing unit configured to determine a synthesis
subband signal from the analysis subband signal using a subband transposition factor O
and a subband stretch factor S. At least one of Qor S may be greater than one. The
subband processing unit may comprise a block extractor configured to derive a frame of
Linput samples from the piurality of complex valued analysis sampies. The frame length
L may be greater than one, however, in certain embodiments the frame length L may be
equal to one. Alternatively or in addition, the block extractor may be configured to apply a
block hop size of p samples to the plurality of analysis samples, prior to deriving a next
frame of L input samples. As a result of repeatedly applying the block hop size to the

plurality of analysis samples, a suite of frames of input samples may be generated.

It should be noted that the frame length L and/or the block hop size p may be arbitrary
numbers and do not necessarily need to be integer values. For this or other cases, the
block extractor may be configured to interpolate two or more analysis samples to derive
an input sample of a frame of L input samples. By way of example, if the frame length
and/or the block hope size are fractional numbers, an input sample of a frame of input

samples may be derived by interpolating two or more neighboring analysis samples.
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Alternatively or in addition, the block extractor may be configured to downsample the
plurality of analysis samples in order to yield an input sample of a frame of Linput
samples. In particular, the block extractor may be configured to downsample the plurality
of analysis samples by the subband transposition factor Q. As such, the block extractor
may contribute to the harmonic transposition and/or time stretch by performing a

downsampling operation.

The system, in particular the subband processing unit, may comprise a nonlinear frame
processing unit configured to determine a frame of processed samples from a frame of
input samples. The determination may be repeated for a suite of frames of input
samples, thereby generating a suite of frames of processed samples. The determination
may be performed by determining for each processed sample of the frame, the phase of
the processed sample by offsetting the phase of the corresponding input sample. In
particular, the nonlinear frame processing unit may be configured to determine the phase
of the processed sample by offsetting the phase of the corresponding input sample by a
phase offset value which is based on a predetermined input sample from the frame of
input samples, the transposition factor @ and the subband stretch factor S. The phase
offset value may be based on the predetermined input sample multiplied by (0S-1). In
particular, the phase offset value may be given by the predetermined input sample
multiplied by (OS —1) plus a phase correction parameter 8. The phase correction
parameter 8 may be determined experimentally for a plurality of input signals having

particular acoustic properties.

In a preferred embodiment, the predetermined input sample is the same for each
processed sample of the frame. In particular, the predetermined input sample may be the

center sample of the frame of input samples.

Alternatively or in addition, the determination may be performed by determining for each
processed sample of the frame, the magnitude of the processed sample based on the
magnitude of the corresponding input sample and the magnitude of the predetermined
input sample. In particular, the nonlinear frame processing unit may be configured to
determine the magnitude of the processed sample as a mean value of the magnitude of
the corresponding input sample and the magnitude of the predetermined input sample.

The magnitude of the processed sample may be determined as the geometric mean
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value of the magnitude of the corresponding input sample and the magnitude of the
predetermined input sample. More specifically, the geometric mean value may be
determined as the magnitude of the corresponding input sample raised to the power of

(1- p), multiplied by the magnitude of the predetermined input sample raised to the
power of p . Typically, the geometrical magnitude weighting parameter is p < (0,1].
Furthermore, the geometrical magnitude weighting parameter p may be a function of the

subband transposition factor O and the subband stretch factor S'. In particular, the
geometrical magnitude weighting parameter may be p=1 —é, which results in reduced

computational complexity.

It should be noted that the predetermined input sample used for the determination of the
magnitude of the processed sample may be different from the predetermined input
sample used for the determination of the phase of the processed sample. However, in a

preferred embodiment, both predetermined input samples are the same.

Overall, the nonlinear frame processing unit may be used to control the degree of
harmonic transposition and/or time stretch of the system. it can be shown that as a
result of the determination of the magnitude of the processed sample from the
magnitude of the corresponding input sample and from the magnitude of a
predetermined input sample, the performance of the system for transient and/or voiced

input signals may be improved.

The system, in particular the subband processing unit, may comprise an overlap and add
unit configured to determine the synthesis subband signal by overlapping and adding the
samples of a suite of frames of processed samples. The overlap and add unit may apply a
hop size to succeeding frames of processed samples. This hop size may be equal to the
block hop size p multiplied by the subband stretch factor S. As such, the overlap and add
unit may be used to control the degree of time stretching and/or of harmonic

transposition of the system.

The system, in particular the subband processing unit, may comprise a windowing unit
upstream of the overlap and add unit. The windowing unit may be configured to apply a

window function to the frame of processed samples. As such, the window function may be
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applied to a suite of frames of processed samples prior to the overlap and add operation.
The window function may have a length which corresponds to the frame length L. The
window function may be one of a Gaussian window, cosine window, raised cosine
window, Hamming window, Hann window, rectangular window, Bartlett window, and/or
Blackman window. Typically, the window function comprises a plurality of window
samples and the overlapped and added window samples of a plurality of window

functions shifted with a hope size of Sp may provide a suite of samples at a significantly

constant value X .

The system may comprise a synthesis filterbank configured to generate the time
stretched and/or frequency transposed signal from the synthesis subband signal. The
synthesis subband may be associated with a frequency band of the time stretched and/or
frequency transposed signal. The synthesis filterbank may be a corresponding inverse
filterbank or transform to the filterbank or transform of the analysis filterbank. In

particular, the synthesis filterbank may be an inverse 64 point quadrature mirror

filterbank. In an embodiment, the synthesis filterbank applies a synthesis time stride Az,
to the synthesis subband signal, and/or the synthesis filterbank has a synthesis

frequency spacing Af,, and/or the synthesis filterbank has a number A/ of synthesis

subbands, with M >1, where m is a synthesis subband index with m=0,....M —1.

It should be noted that typically the analysis filterbank is configured to generate a
plurality of analysis subband signals; the subband processing unit is configured to
determine a plurality of synthesis subband signals from the plurality of analysis subband
signals; and the synthesis filterbank is configured to generate the time stretched and/or

frequency transposed signal from the plurality of synthesis subband signals.

In an embodiment, the system may be configured to generate a sighal which is time

stretched by a physical time stretch factor S, and/or frequency transposed by a physical

frequency transposition factor @, . In such a case, the subband stretch factor may be

given by S = %SW the subband transposition factor may given by O = %Q@; and/or
Iy z,

the analysis subband index n associated with the analysis subband signal and the

synthesis subband index m associated with the synthesis subband signal may be related
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> ——m is a non-integer value, n may be selected as the nearest,

by n~ .
N0, Mo,

. . A
i.e. the nearest smaller or larger, integer value to the term s QLm
4 Xo

The system may comprise a control data reception unit configured to receive control data
reflecting momentary acoustic properties of the input signal. Such momentary acoustic
properties may e.g. be reflected by the classification of the input signal into different
acoustic property classes. Such classes may comprise a transient property class for a
transient signal and/or a stationary property class for a stationary signal. The system may
comprise a signal classifier or may receive the control data from a signal classifier. The
signal classifier may be configured to analyze the momentary acoustic properties of the
input signal and/or configured to set the control data reflecting the momentary acoustic

properties.

The subband processing unit may be configured to determine the synthesis subband
signal by taking into account the control data. In particular, the block extractor may be
configured to set the frame length L according to the control data. In an embodiment, a
short frame length L is set if the control data reflects a transient signal; and/or a long
frame length Lis set if the control data reflects a stationary signal. In other words, the
frame length L may be shortened for transient signal portions, compared to the frame
length L used for stationary signal portions. As such, the momentary acoustic properties
of the input signal may be taken into account within the subband processing unit. As a
result, the performance of the system for transient and/or voiced signals may be

improved.

As outlined above, the analysis filterbank is typically configured to provide a plurality of
analysis subband signals. In particular, the analysis filterbank may be configured to
provide a second analysis subband signal from the input signal. This second analysis
subband signal is typically associated with a different frequency band of the input signal
than the analysis subband signal. The second analysis subband signal may comprise a

plurality of complex valued second analysis samples.
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The subband processing unit may comprise a second block extractor configured to derive
a suite of second input samples by applying the block hop size p to the plurality of
second analysis samples. l.e. in a preferred embodiment, the second block extractor
applies a frame length L =1. Typically, each second input sample corresponds to a frame
of input samples. This correspondence may refer to timing and/or sample aspects. In
particular, a second input sample and the corresponding frame of input samples may

relate to same time instances of the input signal.

The subband processing unit may comprise a second nonlinear frame processing unit
configured to determine a frame of second processed samples from a frame of input
samples and from the corresponding second input sample. The determining of the frame
of second processed samples may be performed by determining for each second
processed sample of the frame, the phase of the second processed sample by offsetting
the phase of the corresponding input sample by a phase offset value which is based on
the corresponding second input sample, the transposition factor Q and the subband
stretch factor S. In particular, the phase offset may be performed as outlined in the
present document, wherein the second processed sample takes the place of the
predetermined input sample. Furthermore, the determining of the frame of second
processed samples may be performed by determining for each second processed sample
of the frame the magnitude of the second processed sample based on the magnitude of
the corresponding input sample and the magnitude of the corresponding second input
sample. In particular, the magnitude may be determined as outlined in the present
document, wherein the second processed sample takes the place of the predetermined

input sample.

As such, the second nonlinear frame processing unit may be used to derive a frame or a
suite of frames of processed samples from frames taken from two different analysis
subband signals. In other words, a particular synthesis subband signal may be derived
from two or more different analysis subband signals. As outlined in the present
document, this may be beneficial in the case where a single analysis and synthesis
filterbank pair is used for a plurality of orders of harmonic transposition and/or degrees

of time-stretch.
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In order to determine one or two analysis subbands which should contribute to a

synthesis subband with index m , the relation between the frequency resolution of the
analysis and synthesis filterbank may be taken into account. [n particular, it may be

éfi—l—m is an integer value n, the synthesis subband signal
4 X9

stipulated that if the term

may be determined based on the frame of processed samples, i.e. the synthesis subband
signal may be determined from a single analysis subband signal corresponding to the

integer index ». Alternatively or in addition, it may be stipulated that if the term

Af. 1 . . , . .
Lf“—m is a non-integer value, with » being the nearest integer value, then the

A, 9,

synthesis subband signal may be determined based on the frame of second processed
samples, i.e. the synthesis subband signal may be determined from two analysis subband
signals corresponding to the nearest integer index value »n and a neighboring integer
index value. In particular, the second analysis subband signal may be correspond to the

analysis subband index n+1or n-1.

According to a further aspect a system configured to generate a time stretched and/or
frequency transposed signal from an input signal is described. This system is particularly
adapted to generate the time stretched and/or frequency transposed signal under the
influence of a control signal, and to thereby take into account the momentary acoustic
properties of the input signal. This may be particularly relevant for improving the transient

response of the system.

The system may comprise a control data reception unit configured to receive control data
reflecting momentary acoustic properties of the input signal. Furthermore, the system
may comprise an analysis filterbank configured to provide an analysis subband signal
from the input signal; wherein the analysis subband signal comprises a plurality of
complex valued analysis samples, each having a phase and a magnitude. In addition, the
system may comprise a subband processing unit configured to determine a synthesis
subband signal from the analysis subband signal using a subband transposition factor Q,
a subband stretch factor S and the control data. Typically, at least one of Qor Sis greater

than one.
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The subband processing unit may comprise a block extractor configured to derive a frame
of Linput samples from the plurality of complex valued analysis samples. The frame
length L may be greater than one. Furthermore, the block extractor may be configured to
set the frame length L according to the control data. The block extractor may also be
configured to apply a block hop size of p samples to the plurality of analysis samples,
prior to deriving a next frame of Linput samples; thereby generating a suite of frames of

input samples.

As outlined above, the subband processing unit may comprise a nonlinear frame
processing unit configured to determine a frame of processed samples from a frame of
input samples. This may be performed by determining for each processed sample of the
frame the phase of the processed sample by offsetting the phase of the corresponding
input sample; and by determining for each processed sample of the frame the magnitude

of the processed sample based on the magnitude of the corresponding input sample.

Furthermore, as outlined above, the system may comprise an overlap and add unit
configured to determine the synthesis subband signal by overlapping and adding the
samples of a suite of frames of processed samples; and a synthesis filterbank configured
to generate the time stretched and/or frequency transposed signal from the synthesis

subband signal.

According to another aspect, a system configured to generate a time stretched and/or
frequency transposed signal from an input signal is described. This system may be
particularly well adapted for performing a plurality of time stretch and/or frequency
transposition operations within a single analysis / synthesis filterbank pair. The system
may comprise an analysis filterbank configured to provide a first and a second analysis
subband signal from the input signal, wherein the first and the second analysis subband
signal each comprise a plurality of complex valued analysis samples, referred to as the
first and second analysis samples, respectively, each analysis sample having a phase and
a maghnitude. Typically, the first and the second analysis subband signal correspond to

different frequency bands of the input signal.

The system may further comprise a subband processing unit configured to determine a

synthesis subband signal from the first and second analysis subband signal using a
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subband transposition factor Q and a subband stretch factor S. Typically, at least one of
Qor Sis greater than one. The subband processing unit may comprise a first block
extractor configured to derive a frame of L first input samples from the plurality of first
analysis samples; the frame length L being greater than one. The first block extractor
may be configured to apply a block hop size of p samples to the plurality of first analysis
samples, prior to deriving a next frame of Lfirst input samples; thereby generating a suite
of frames of first input samples. Furthermore, the subband processing unit may comprise
a second block extractor configured to derive a suite of second input samples by applying
the block hop size p to the plurality of second analysis samples; wherein each second

input sample corresponds to a frame of first input samples. The first and second block

extractor may have any of the features outlined in the present document.

The subband processing unit may comprise a nonlinear frame processing unit configured
to determine a frame of processed samples from a frame of first input samples and from
the corresponding second input sample. This may be performed by determining for each
processed sample of the frame the phase of the processed sample by offsetting the
phase of the corresponding first input sample; and/or by determining for each processed
sample of the frame the magnitude of the processed sample based on the magnitude of
the corresponding first input sample and the magnitude of the corresponding second
input sample. In particular, the nonlinear frame processing unit may be configured to
determine the phase of the processed sample by offsetting the phase of the
corresponding first input sample by a phase offset value which is based on the

corresponding second input sample, the transposition factor @ and the subband stretch

factor S.

Furthermore, the subband processing unit may comprise an overlap and add unit
configured to determine the synthesis subband signal by overlapping and adding the
samples of a suite of frames of processed samples, wherein the overlap and add unit
may apply a hop size to succeeding frames of processed samples. The hop size may be
equal to the block hop size p multiplied by the subband stretch factor §. Finally, the
system may comprise a synthesis filterbank configured to generate the time stretched

and/or frequency transposed signal from the synthesis subband signal.
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It should be noted that the different components of the systems described in the present
document may comprise any or all of the features outlined with regards to these
components in the present document. This is in particular applicable to the analysis and
synthesis filterbank, the subband processing unit, the nonlinear processing unit, the
block extractors, the overlap and add unit, and/or the window unit described at different

parts within this document.

The systems outlined in the present document may comprise a plurality of subband
processing units. Each subband processing unit may be configured to determine an
intermediate synthesis subband signal using a different subband transposition factor Q
and/or a different subband stretch factor S . The systems may further comprise a
merging unit downstream of the plurality of subband processing units and upstream of
the synthesis filterbank configured to merge corresponding intermediate synthesis
subband signals to the synthesis subband signal. As such, the systems may be used to
perform a plurality of time stretch and/or harmonic transposition operations while using

only a single analysis / synthesis filterbank pair.

The systems may comprise a core decoder upstream of the analysis filterbank configured
to decode a bitstream into the input signal. The systems may also comprise an HFR
processing unit downstream of the merging unit (if such a merging unit is present) and
upstream of the synthesis filterbank. The HFR processing unit may be configured to apply

spectral band information derived from the bitstream to the synthesis subband signal.

According to another aspect, a set-top box for decoding a received signal comprising at
least a low frequency component of an audio signal is described. The set-top box may
comprise a system according to any of the aspects and features outlined in the present
document for generating a high frequency component of the audio signal from the low

frequency component of the audio signal.

According to a further aspect a method for generating a time stretched and/or frequency
transposed signal from an input signal is described. This method is particularly well
adapted to enhance the transient response of a time stretch and/or frequency

transposition operation. The method may comprise the step of providing an analysis
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subband signal from the input signal, wherein the analysis subband signal comprises a

plurality of complex valued analysis samples, each having a phase and a magnitude.

Overall, the method may comprise the step of determining a synthesis subband signal
from the analysis subband signal using a subband transposition factor O and a subband

stretch factor S. Typically at least one of Qor Sis greater than one. In particular, the
method may comprise the step of deriving a frame of L input samples from the plurality
of complex valued analysis samples, wherein the frame length L is typically greater than
one. Furthermore, a block hop size of p samples may be applied to the plurality of
analysis samples, prior to deriving a next frame of L input samples; thereby generating a
suite of frames of input samples. In addition, the method may comprise the step of
determining a frame of processed samples from a frame of input samples. This may be
performed by determining for each processed sample of the frame the phase of the
processed sample by offsetting the phase of the corresponding input sample.
Alternatively or in addition, for each processed sample of the frame the magnitude of the
processed sample may be determined based on the magnitude of the corresponding

input sample and the magnitude of a predetermined input sample.

The method may further comprise the step of determining the synthesis subband signal
by overlapping and adding the samples of a suite of frames of processed samples.
Eventually the time stretched and/or frequency transposed signal may be generated from

the synthesis subband signal.

According to another aspect, a method for generating a time stretched and/or frequency
transposed signal from an input signal is described. This method is particularly well
adapted for improving the performance of the time stretch and/or frequency
transposition operation in conjunction with transient input signals. The method may
comprise the step of receiving control data reflecting momentary acoustic properties of
the input signal. The method may further comprise the step of providing an analysis
subband signal from the input signal, wherein the analysis subband signal comprises a

plurality of complex valued analysis samples, each having a phase and a magnitude.

In a following step, a synthesis subband signal may be determined from the analysis

subband signal using a subband transposition factor Q, a subband stretch factor S and
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the control data. Typically, at least one of Qor S'is greater than one. In particular, the
method may comprise the step of deriving a frame of L input samples from the plurality
of complex valued analysis samples, wherein the frame length L is typically greater than
one and wherein the frame length L is set according to the control data. Furthermore, the
method may comprise the step of applying a block hop size of p samples to the plurality
of analysis samples, prior to deriving a next frame of L input samples, in order to thereby
generate a suite of frames of input samples. Subsequently, a frame of processed
samples may be determined from a frame of input samples, by determining for each
processed sample of the frame the phase of the processed sample by offsetting the
phase of the corresponding input sample, and the magnitude of the processed sample

based on the magnitude of the corresponding input sample.

The synthesis subband signal may be determined by overlapping and adding the samples
of a suite of frames of processed samples, and the time stretched and/or frequency

transposed signal may be generated from the synthesis subband signal.

According to a further aspect, a method for generating a time stretched and/or frequency
transposed signal from an input signal is described. This method may be particularly well
adapted for performing a plurality of time stretch and/or frequency transposition
operations using a single pair of analysis / synthesis filterbanks. At the same time, the
method is well adapted for the processing of transient input signals. The method may
comprise the step of providing a first and a second analysis subband signal from the
input signal, wherein the first and the second analysis subband signal each comprise a
plurality of complex valued analysis samples, referred to as the first and second analysis

samples, respectively, each analysis sample having a phase and a magnitude.

Furthermore, the method may comprise the step of determining a synthesis subband
signal from the first and second analysis subband signal using a subband transposition
factor Q and a subband stretch factor S, wherein at least one of Qor Sis typically
greater than one. In particular, the method may comprise the step of deriving a frame of
L first input samples from the plurality of first analysis samples, wherein the frame
length L is typically greater than one. A block hop size of p samples may be applied to
the plurality of first analysis samples, prior to deriving a next frame of Lfirst input

samples, in order to thereby generate a suite of frames of first input samples. The
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method may further comprise the step of deriving a suite of second input samples by

applying the block hop size p to the plurality of second analysis samples, wherein each

second input sample corresponds to a frame of first input samples.

The method proceeds in determining a frame of processed samples from a frame of first
input samples and from the corresponding second input sample. This may be performed
by determining for each processed sample of the frame the phase of the processed
sample by offsetting the phase of the corresponding first input sample, and the
magnitude of the processed sample based on the magnitude of the corresponding first
input sample and the magnitude of the corresponding second input sample.
Subsequently, the synthesis subband signal may be determined by overlapping and
adding the samples of a suite of frames of processed samples. Eventually, the time
stretched and/or frequency transposed signal may be generated from the synthesis

subband signal.

According to another aspect, a software program is described. The software program may
be adapted for execution on a processor and for performing the method steps and/or for
implementing the aspects and features outlined in the present document when carried

out on a computing device.

According to a further aspect, a storage medium is described. The storage medium may
comprise a software program adapted for execution on a processor and for performing
the method steps and/or for implementing the aspects and features outlined in the

present document when carried out on a computing device.

According to another aspect, a computer program product is described. The computer
program product may comprise executable instructions for performing the method steps
and/or for implementing the aspects and features outlined in the present document

when executed on a computer.

It should be noted that the methods and systems including its preferred embodiments as
outlined in the present patent application may be used stand-alone or in combination
with the other methods and systems disclosed in this document. Furthermore, all

aspects of the methods and systems outlined in the present patent application may be
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arbitrarily combined. In particular, the features of the claims may be combined with one

another in an arbitrary manner.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described by way of illustrative examples, not limiting
the scope or spirit of the invention, with reference to the accompanying drawings, in

which:

Fig. 1 illustrates the principle of an example subband block based harmonic
transposition;

Fig. 2 illustrates the operation of an example nonlinear subband block processing with
one subband input;

Fig. 3 illustrates the operation of an example nonlinear subband block processing with
two subband inputs;

Fig. 4» illustrates an example scenario for the application of subband block based
transposition using several orders of transposition in a HFR enhanced audio codec;
Fig. 5 illustrates an example scenario for the operation of a multiple order subband block
based transposition applying a separate analysis filter bank per transposition order;
Fig. 6 illustrates an example scenario for the efficient operation of a multiple order
subband block based transposition applying a single 64 band QMF analysis filter bank;
and

Fig. 7 illustrates the transient response for a subband block based time stretch of a

factor two of an example audio signal.

DESCRIPTION OF PREFERRED EMBODIMENTS

The below-described embodiments are merely illustrative for the principles of the present
invention for improved subband block based harmonic transposition. It is understood
that modifications and variations of the arrangements and the details described herein
will be apparent to others skilled in the art. It is the intent, therefore, to be limited only by
the scope of the impending patent claims and not by the specific details presented by

way of description and explanation of the embodiments herein.
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Fig. 1 illustrates the principle of an example subband block based transposition, time
stretch, or a combination of transposition and time stretch. The input time domain signal
is fed to an analysis filterbank 101 which provides a multitude or a plurality of complex
valued subband signals. This plurality of subband signals is fed to the subband
processing unit 102, whose operation can be influenced by the control data 104. Each
output subband of the subband processing unit 102 can either be obtained from the
processing of one or from two input subbands, or even from a superposition of the result
of several such processed subbands. The multitude or plurality of complex valued output
subbands is fed to the synthesis filterbank 103, which in turn outputs a modified time
domain signal. The control data 104 is instrumental to improve the quality of the
modified time domain signal for certain signal types. The control data 104 may be
associated with the time domain signal. In particular, the control data 104 may be
associated with or may depend on the type of time domain signal which is fed into the
analysis filterbank 101. By way of example, the control data 104 may indicate if the time
domain signal, or a momentary excerpt of the time domain signal, is a stationary signal

or if the time domain signal is a transient signal.

Fig. 2 illustrates the operation of an example nonlinear subband block processing 102
with one subband input. Given the target values of physical time stretch and/or
transposition, and the physical parameters of the analysis and synthesis filterbanks 101
and 103, one deduces subband time stretch and transposition parameters as well as a
source subband index, which may also be referred to as an index of the analysis
subband, for each target subband index, which may also be referred to as an index of a
synthesis subband. The aim of the subband block processing is to implement the
corresponding transposition, time stretch, or a combination of transposition and time
stretch of the complex valued source subband signal in order to produce the target

subband signal.

In the nonlinear subband block processing 102, the block extractor 201 samples a finite
frame of samples from the complex valued input signal. The frame may be defined by an
input pointer position and the subband transposition factor. This frame undergoes
nonlinear processing in the nonlinear processing unit 202 and is subsequently windowed
by a finite length window in 203. The window 203 may be e.g. a Gaussian window, a

cosine window, a Hamming window, a Hann window, a rectangular window, a Bartlett
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window, a Blackman window, etc. The resulting samples are added to previously output
samples in the overlap and add unit 204 where the output frame position may be
defined by an output pointer position. The input pointer is incremented by a fixed
amount, also referred to as a block hop size, and the output pointer is incremented by
the subband stretch factor times the same amount, i.e. by the block hop size multiplied
by the subband stretch factor. An iteration of this chain of operations will produce an
output signal with a duration being the subband stretch factor times the input subband
signal duration (up to the length of the synthesis window) and with complex frequencies

being transposed by the subband transposition factor.

The control data 104 may have an impact to any of the processing blocks 201, 202,
203, 204 of the block based nonlinear processing 102. In particular, the control data
104 may control the length of the blocks extracted in the block extractor 201. In an
embodiment, the block length is reduced when the control data 104 indicates that the
time domain signal is a transient signal, whereas the block length is increased or
maintained at the longer length when the control data 104 indicates that the time
domain signal is a stationary signal. Alternatively or in addition, the control data 104 may
impact the nonlinear processing unit 202, e.g. a parameter used within the nonlinear
processing unit 202, and/or the windowing unit 203, e.g. the window used in the

windowing unit 203.

Fig. 3 illustrates the operation of an example nonlinear subband block processing 102
with two subband inputs. Given the target values of physical time stretch and
transposition, and the physical parameters of the analysis and synthesis filterbanks 101
and 103, one deduces subband time stretch and transposition parameters as well as
two source subband indices for each target subband index. The aim of the subband
block processing is to implement the according transposition, time stretch, or a
combination of transposition and time stretch of the combination of the two complex
valued source subband signals in order to produce the target subband signal. The block
extractor 301-1 samples a finite frame of samples from the first complex valued source
subband and the block extractor 301-2 samples a finite frame of samples from the
second complex valued source subband. In an embodiment, one of the block extractors
301-1 and 301-2 may produce a single subband sample, i.e. one of the block extractors

301-1, 301-2 may apply a block length of one sample. The frames may be defined by a
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common input pointer position and the subband transposition factor. The two frames

extracted in block extractors 301-1, 301-2, respectively, undergo nonlinear processing in
unit 302. The nonlinear processing unit 302 typically generates a single output frame
from the two input frames. Subsequently, the output frame is windowed by a finite length
window in unit 203. The above process is repeated for a suite of frames which are
generated from a suite of frames extracted from two subband signals using a block hop
size. The suite of output frames is overlapped and added in an overlap and add unit 204.
An iteration of this chain of operations will produce an output signal with duration being
the subband stretch factor times the longest of the two input subband signals (up to the
length of the synthesis window). In case that the two input subband signals carry the
same frequencies, the output signal will have complex frequencies transposed by the

subband transposition factor.

As outlined in the context of Fig. 2, the control data 104 may be used to modify the
operation of the different blocks of the nonlinear processing 102, e.g. the operation of
the block extractors 301-1, 301-2. Furthermore, it should be noted that the above
operations are typically performed for all of the analysis subband signals provided by the
analysis filterbank 101 and for all of the synthesis subband signals which are input into

the synthesis filterbank 103.

In the following text, a description of the principles of subband block based time stretch
and transposition will be outlined with reference to Figs. 1-3, and by adding appropriate

mathematical terminology.

The two main configuration parameters of the overall harmonic transposer and/or time

stretcher are

e S, :the desired physical time stretch factor; and

e O, :the desired physical transposition factor.

The filterbanks 101 and 103 can be of any complex exponential modulated type such as
QMF or a windowed DFT or a wavelet transform. The analysis filterbank 101 and the
synthesis filterbank 103 can be evenly or oddly stacked in the modulation and can be

defined from a wide range of prototype filters and/or windows. Whereas all these second
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order choices affect the details in the subsequent design such as phase corrections and

subband mapping management, the main system design parameters for the subband

processing can typically be derived from the knowledge of the two quotients Az /Ar, and

Af, 1Af, of the following four filter bank parameters, all measured in physical units. In the

above quotients,

At, is the subband sample time step or time stride of the analysis filterbank 101
(e.g. measured in seconds [s]);

Af, is the subband frequency spacing of the analysis filterbank 101 (e.g.
measured in Hertz [1/s]);

At is the subband sample time step or time stride of the synthesis filterbank 103
(e.g. measured in seconds [s]); and

Af; is the subband frequency spacing of the synthesis filterbank 103 (e.g.

measured in Hertz [1/s]).

For the configuration of the subband processing unit 102, the following parameters

should be computed:

S': the subband stretch factor, i.e. the stretch factor which is applied within the
subband processing unit 102 in order to achieve an overall physical time stretch

of the time domain signal by S,,;

Q: the subband transposition factor, i.e. the transposition factor which is applied
within the subband processing unit 102 in order to achieve an overall physical
frequency transposition of the time domain signal by the factor Q,; and

the correspondence between source and target subband indices, wherein n
denotes an index of an analysis subband entering the subband processing unit

102, and m denotes an index of a corresponding synthesis subband at the output

of the subband processing unit 102.

In order to determine the subband stretch factor S, it is observed that an input signal to

the analysis filterbank 101 of physical duration D corresponds to a number D/ Az, of

analysis subband samples at the input to the subband processing unit 102. These
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D/Ar, samples will be stretched to S-D/At, samples by the subband processing unit
102 which applies the subband stretch factor S. At the output of the synthesis filterbank
103 these S- D/At, samples result in an output signal having a physical duration of
Ats-S-D/ A, . Since this latter duration should meet the specified value S, - D, i.e. since
the duration of the time domain output signal should be time stretched compared to the
time domain input signal by the physical time stretch factor S, the following design rule

is obtained:
At

§S=—=28§ . 1
Aty * @

In order to determine the subband transposition factor Q which is applied within the
subband processing unit 102 in order to achieve a physical transposition Q,, it is
observed that an input sinusoid to the analysis filterbank 101 of physical frequency Q
will result in a complex analysis subband signal with discrete time frequency o =Q- Az,
and the main contribution occurs within the analysis subband with index »~Q/Af, . An
output sinusoid at the output of the synthesis filterbank 103 of the desired transposed
physical frequency Q,-Q will result from feeding the synthesis subband with index
m=Q,-Q/Af, with a complex subband signal of discrete frequency O, -Q-Az. In this

context, care should be taken in order to avoid the synthesis of aliased output

frequencies different from Q, -Q. Typically this can be avoided by making appropriate
second order choices as discussed, e.g. by selecting appropriate analysis / synthesis

filterbanks. The discrete frequency Q,- Q- Az, at the output of the subband processing

unit 102 should correspond to the discrete time frequency o =Q-A¢, at the input of the
subband processing unit 102 multiplied by the subband transposition factor Q. l.e. by

setting equal OQAs, and Q,-Q- Az, the following relation between the physical

transposition factor ¢, and the subband transposition factor O may be determined:

At
=30, - )
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Likewise, the appropriate source or analysis subband index n of the subband processing

unit 102 for a given target or synthesis subband index m should obey

neYe Lo (3)
A, O,

In an embodiment, it holds that Af;/Af, = Q,, i.e. the frequency spacing of the synthesis
filterbank 103 corresponds to the frequency spacing of the analysis filterbank 101
multiplied by the physical transposition factor, and the one-to-one mapping of analysis to
synthesis subband index n=m can be applied. In other embodiments, the subband index
mapping may depend on the details of the filterbank parameters. In particular, if the

fraction of the frequency spacing of the synthesis filterbank 103 and the analysis
filterbank 101 is different from the physical transposition factor ¢, one or two source
subbands may be assigned to a given target subband. In the case of two source

subbands, it may be preferable to use two adjacent source subbands with index n, n+1,

respectively. That is, the first and second source subbands are given by either

(n(m),n(m)+1) or (n(m)+1,n(m)).

The subband processing of Fig. 2 with a single source subband will now be described as
a function of the subband processing parameters § and Q . Let x(k) be the input
signal to the block extractor 201, and let p be the input block stride. l.e. x(k)is a complex

valued analysis subband signal of an analysis subband with index n. The block extracted
by the block extractor 201 can without loss of generality be considered to be defined by

the L=2R+1 samples
x,(k)=x(Ok+pl), |k|<R , (4)

wherein the integer [ is a block counting index, L is the block length and R is an integer
with R > 0. Note that for 0 =1, the block is extracted from consecutive samples but for
0O >1a downsampling is performed in such a manner that the input addresses are
stretched out by the factor Q. If Qis an integer this operation is typically straightforward
to perform, whereas an interpolation method may be required for non-integer values of

Q. This statement is relevant also for non-integer values of the increment p, i.e. of the
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input block stride. In an embodiment, short interpolation filters, e.g. filters having two

filter taps, can be applied to the complex valued subband signal. For instance, if a
sample at the fractional time index £+ 0.5is required, a two tap interpolation of the form

x(k+0.5) = ax(k) + bx(k +1) may lead to a sufficient quality.

An interesting special case of formula (4) is R=0, where the extracted block consists of

a single sample, i.e. the block length is L=1.

With the polar representation of a complex number z :]zlexp(zzz), wherein \z] is the

magnitude of the complex number and £z is the phase of the complex number, the

nonlinear processing unit 202 producing the output frame y, from the input frame x;,is

advantageously defined by the phase modification factor 7 =SQ through

{4y,(k) =(T —1)£x,(0) + £x, (k) + 9} <R -

|y, (k)| =%, () |x, (k)|

where pe [0,1] is a geometrical magnitude weighting parameter. The case p=0

corresponds to a pure phase modification of the extracted block. The phase correction
parameter @ depends on the filterbank details and the source and target subband
indices. In an embodiment, the phase correction parameter & may be determined
experimentally by sweeping a set of input sinusoids. Furthermore, the phase correction
parameter @ may be derived by studying the phase difference of adjacent target subband
complex sinusoids or by optimizing the performance for a Dirac pulse type of input signal.
The phase modification factor T should be an integer such that the coefficients 7'-1and
1 are integers in the linear combination of phases in the first line of formula (5). With this
assumption, i.e. with the assumption that the phase modification factor T is an integer,
the result of the nonlinear modification is well defined even though phases are

ambiguous by addition of arbitrary integer multiples of 2z .

In words, formula (5) specifies that the phase of an output frame sample is determined
by offsetting the phase of a corresponding input frame sample by a constant offset value.
This constant offset value may depend on the modification factor T, which itself

depends on the subband stretch factor and/or the subband transposition factor.
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Furthermore, the constant offset value may depend on the phase of a particular input

frame sample from the input frame. This particular.input frame sample is kept fixed for
the determination of the phase of all the output frame samples of a given block. In the
case of formula (5), the phase of the center sample of the input frame is used as the
phase of the particular input frame sample. In addition, the constant offset value may
depend on a phase correction parameter 8 which may e.g. be determined

experimentally.

The second line of formula (5) specifies that the magnitude of a sample of the output
frame may depend on the magnitude of the corresponding sample of the input frame.
Furthermore, the magnitude of a sample of the output frame may depend on the
maghnitude of a particular input frame sample. This particular input frame sample may be
used for the determination of the magnitude of all the output frame samples. In the case
of formula (5), the center sample of the input frame is used as the particular input frame
sample. In an embodiment, the magnitude of a sample of the output frame may
correspond to the geometrical mean of the magnitude of the corresponding sample of

the input frame and the particular input frame sample.

In the windowing unit 203, a window w of length L is applied on the output frame,

resulting in the windowed output frame
z,(k)y=w(k)y,(k), |k|£R . (B6)

Finally, it is assumed that all frames are extended by zeros, and the overlap and add

operation 204 is defined by
2(k)=>"z,(k-Spl), (7)
!

wherein it should be noted that the overlap and add unit 204 applies a block stride of
Sp, i.e. a time stride which is S times higher than the input block stride p . Due to this
difference in time strides of formula (4) and (7) the duration of the output signal z(k)is §
times the duration of the input signal x(k), i.e. the synthesis subband signal has been

stretched by the subband stretch factor S compared to the analysis subband signal. It
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should be noted that this observation typically applies if the length L of the window is

negligible in comparison to the signal duration.

For the case where a complex sinusoid is used as input to the subband processing 102,

i.e. an analysis subband signal corresponding to a complex sinusoid
x(k) = C exp(iok) , (8)

it may be determined by applying the formulas (4)<(7) that the output of the subband

processing 102, i.e. the corresponding synthesis subband signal, is given by

2(k) =|Clexpli(T£C + 6 + Qak)[> w(k - Spl) . (9)

Hence a complex sinusoid of discrete time frequency @ will be transformed into a
complex sinusoid with discrete time frequency Qe provided the window shifts with a

stride of §psum up to the same constant value X for all &,

> w(k—Sph=K . (10)

It is illustrative to consider the special case of pure transposition where S=1 and T'=Q.

If the input block stride is p=1 and R=0, all the above, i.e. notably formula (5), reduces

to the point-wise or sample based phase modification rule

{42(1«) =T /Lx(k)+ 9}
|2(0)|=[x(k)|

The advantage of using a block size R >0becomes apparent when a sum of sinusoids is
considered within an analysis subband signal x(k) . The problem with the point-wise rule
(11) for a sum of sinusoids with frequencies w,, @,...., @, is that not only the desired
frequencies Qw,,Qw,,...,Qm, Will be present in the output of the subband processing

102, i.e. within the synthesis subband signal z(k), but also intermodulation product

frequencies of the form Zan“’n . Using a block R>0 and a window satisfying formula (10)

typically leads to a suppression of these intermodulation products. On the other hand, a
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long block will lead to a larger degree of undesired time smearing for transient signals.
Furthermore, for pulse train like signals, e.g. a human voice in case of vowels or a single
pitched instrument, with sufficiently low pitch, the intermodulation products could be
desirable as described in WO 2002/052545. This document is incorporated by

reference.

In order to address the issue of relatively poor performance of the block based subband
processing 102 for transient signals, it is suggested to use a nonzero value of the
geometrical magnitude weighting parameter p >0 in formula (5). It has been observed
(see e.g. Fig. 7) that the selection of a geometrical magnitude weighting parameter p >0
improves the transient response of the block based subband processing 102 compared
to the use of pure phase modification with p=0, while at the same time maintaining a
sufficient power of intermodulation distortion suppression for stationary signals. A
particularly attractive value of the magnitude weighting is p=1-1/T7, for which the

nonlinear processing formula (5) reduces to the calculation steps

gl( ):__fl_(]f_)__

[x%,(k)|
y(k)=g (O)Tilgl(k)eig

(12)

These calculation steps represent an equivalent amount of computational complexity
compared to the operation of a pure phase modulation resulting from the case of p=0
in formula (5). In other words, the determination of the magnitude of the output frame
samples based on the geometrical means formula (5) using the magnitude

weighting p=1-1/T can be implemented without any additional cost in computational
complexity. At the same time, the performance of the harmonic transposer for transient

signals improves, while maintaining the performance for stationary signals.

As has been outlined in the context of Figs. 1, 2 and 3, the subband processing 102 may
be further enhanced by applying control data 104. In an embodiment, two configurations
of the subband processing 102 sharing the same value of X in formula (11) and
employing different block lengths may be used to implement a signal adaptive subband

processing. The conceptual starting point in designing a signal adaptive configuration
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switching subband processing unit may be to imagine the two configurations running in

parallel with a selector switch at their outputs, wherein the position of the selector switch
depends on the control data 104. The sharing of K -value ensures that the switch is
seamless in the case of a single complex sinusoid input. For general signals the hard
switch on a subband signal level is automatically windowed by the surrounding filterbank
framework 101, 103 so as to not introduce any switching artifacts on the final output
signals. It can be shown that as a result of the overlap and add process in formula (7) an
output identical to that of the conceptual switched system described above can be
reproduced at the computational cost of the system of the configuration with the longest
block, when the block sizes are sufficiently different, and the update rate of the control
data is not too fast. Hence there is no penalty in computational complexity associated
with a signal adaptive operation. According to the discussion above, the configuration
with the shorter block length is more suitable for transient and low pitched periodical
signals, whereas the configuration with longer block length is more suitable for stationary
signals. As such, a signal classifier may be used to classify excerpts of an audio signal
into a transient class and a non-transient class, and to pass this classification
information as control data 104 to the signal adaptive configuration switching subband
processing unit 102. The subband processing unit 102 may use the control data 104 to

set certain processing parameters, e.g. the block length of the block extractors.

In the following, the description of the subband processing will be extended to cover the
case of Fig. 3 with two subband inputs. Only the modifications which are made to the
single input case will be described. Otherwise, reference is made to the information
provided above. Let x(k) be the input subband signal to the first block extractor 301-1
and let ¥(k)be the input subband signal to the second block extractor 301-2. The block
extracted by block extractor 301-1 is defined by formula (4) and the block extracted by

block extractor 301-2 consist of the single subband sample

%,(0)=x(pl). (13)

l.e. in the outlined embodiment, the first block extractor 301-1 uses a block length of L,
whereas the second block extractor 301-2 uses a block length of 1. In such a case, the

nonlinear processing 302 produces the output frame y, may be defined by
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2y, (k) =(T =1)L%,(0) + Lx, (k) + 6

(orpormer | -
and the rest of the processing in 203 and 204 is identical to the processing described in
the context of the single input case. In other words, it is suggested to replace the
particular frame sample of formula (5) by the single subband sample extracted from the

respective other analysis subband signal.

In an embodiment, wherein the ratio of the frequency spacing Af, of the synthesis

filterbank 103 and the frequency spacing Af, of the analysis filterbank 101 is different
from the desired physical transposition factor @, it may be beneficial to determine the

samples of a synthesis subband with index m from two analysis subbands with index n,
n+1, respectively. For a given index m, the corresponding index n may be given by the
integer value obtained by truncating the analysis index value n given by formula (3). One
of the analysis subband signals, e.g. the analysis subband signal corresponding to index
n, is fed into the first block extractor 301-1 and the other analysis subband signal, e.g.
the one corresponding to index n+1, is fed into the second block extractor 301-2. Based
on these two analysis subband signals a synthesis subband signal corresponding to
index m is determined in accordance to the processing outlined above. The assignment
of the adjacent analysis subband signals to the two block extractors 301-1 and 302-1
may by based on the remainder that is obtained when truncating the index value of
formula (3), i.e. the difference of the exact index value given by formula (3) and the
truncated integer value n obtained from formula (3). If the remainder is greater than 0.5,
then the analysis subband signal corresponding to index n may be assigned to the
second block extractor 301-2, otherwise this analysis subband signal may be assigned to

the first block extractor 301-1.

Fig. 4 illustrates an example scenario for the application of subband block based
transposition using several orders of transposition in a HFR enhanced audio codec. A
transmitted bit-stream is received at the core decoder 401, which provides a low
bandwidth decoded core signal at a sampling frequency fs. This low bandwidth decoded
core signal may also be referred to as the low frequency component of the audio signal.

The signal at low sampling frequency fs may be re-sampled to the output sampling
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frequency 2fs by means of a complex modulated 32 band QMF analysis bank 402
followed by a 64 band QMF synthesis bank (Inverse QMF) 405. The two filterbanks 402
and 405 have the same physical parameters At, = At, and Af, =Af, and the HFR
processing unit 404 typically lets through the unmodified lower subbands corresponding
to the low bandwidth core signal. The high frequency content of the output signal is
obtained by feeding the higher subbands of the 64 band QMF synthesis bank 405 with
the output bands from the multiple transposer unit 403, subject to spectral shaping and
modification performed by the HFR processing unit 404. The multiple transposer 403
takes as input the decoded core signal and outputs a multitude of subband signals which
represent the 64 QMF band analysis of a superposition or combination of several
transposed signal components. In other words, the signal at the output of the multiple
transposer 403 should correspond to the transposed synthesis subband signals which
may be fed into a synthesis filterbank 103, which in the case of Fig. 4 is represented by
the inverse QMF filterbank 405.

Possible implementations of a multiple transposer 403 are outlined in the context of
Figs. 5 and 6. The objective of the multiple transposer 403 is that if the HFR processing
404 is bypassed, each component corresponds to an integer physical transposition

without time stretch of the core signal, (Q, =2,3,..., and S, =1). For transient

components of the core signal, the HFR processing can sometimes compensate for poor
transient response of the multiple transposer 403 but a consistently high quality can
typically only be reached if the transient response of the multiple transposer itself is
satisfactory. As outlined in the present document, a transposer control signal 104 can
affect the operation of the multiple transposer 403, and thereby ensure a satisfactory
fransient response of the multiple transposer 403. Alternatively or in addition, the above
geometric weighting scheme (see e.g. formula (5) and/or formula (14) may contribute to

improving the transient response of the harmonic transposer 403.

Fig. 5 illustrates an example scenario for the operation of a multiple order subband block
based transposition unit 403 applying a separate analysis filter bank 502-2, 502-3, 502-

4 per transposition order. In the illustrated example, three transposition orders g, =2,3,4

are to be produced and delivered in the domain of a 64 band QMF bank operating at

output sampling rate 2fs . The merging unit 504 selects and combines the relevant
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subbands from each transposition factor branch into a single multitude of QMF

subbands to be fed into the HFR processing unit.

Consider first the case Q, =2 . The objective is specifically that the processing chain ofa

64 band QMF analysis 502-2, a subband processing unit 503-2, and a 64 band QMF
synthesis 405 results in a physical transposition of O, =2 with S, =1(i.e. no stretch).
|dentifying these three blocks with the units 101, 102 and 103 of Fig. 1, respectively,
one finds that Az, /At, =1/2 and Af,/Af, =2 such that formulas (1)-(3) result in the
following specifications for the subband processing unit 503-2. The subband processing
unit 503-2 has to perform a subband stretch of § =2, a subband transposition of 0 =1

(i.e. none) and a correspondence between source subbands with index » and target

subbands with index m given by n=m (see formula (3)).

For the case 0, =3, the exemplary system includes a sampling rate converter 501-3

which converts the input sampling rate down by a factor 3/2 from fs to 2fs/3. The
objective is specifically that the processing chain of the 64 band QMF analysis 502-3, the
subband processing unit 503-3, and a 64 band QMF synthesis 405 results in a physical

transposition of @, =3 with S, =1 (i.e. no stretch). Identifying the above three blocks
with units 101, 102 and 103 of Fig. 1, respectively, one finds due to the resampling that
At/ At, =1/3 and Af,/Af, =3 such that formulas (1)-(3) provide the following
specifications for the subband processing unit 503-3. The subband processing unit 503-
3 has to perform a subband stretch of $=3, a subband transposition of 0=1 (i.e. none)
and a correspondence between source subbands with index » and target subbands with

index m given by n=m (see formula (3)).

For the case 0, =4, the exemplary system includes a sampling rate converter 501-4

which converts the input sampling rate down by a factor two from fs to fs/2. The
objective is specifically that the processing chain of the 64 band QMF analysis 502-4, the
subband processing unit 503-4, and a 64 band QMF synthesis 405 results in a physical

transposition of 0, =4 with S =1(i.e. no stretch). Identifying these three blocks of the
processing chain with units 101, 102 and 103 of Fig. 1, respectively, one finds due to
the resampling that Az, /Ar, =1/4 and Af,/Af, =4 such that formulas (1)-(3) provide the
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following specifications for subband processing unit 503-4. The subband processing unit
503-4 has to perform a subband stretch of S=4, a subband transposition of Q=1 (i.e.
none) and a correspondence between source subbands with » and target subbands with

index m given by n=m.

As a conclusion for the exemplary scenario of Fig 5, the subband processing units 504-2
to 503-4 all perform pure subband signal stretches and employ the single input
nonlinear subband block processing described in the context of Fig 2. When present, the
control signal 104 may simultaneously affect the operation of all three subband
processing units. In particular, the control signal 104 may be used to simultaneously
switch between long block length processing and short block length processing
depending on the type (transient or non-transient) of the excerpt of the input signal.
Alternatively or in addition, when the three subband processing units 504-2 to 504-4

make use of a nonzero geometrical magnitude weighting parameter p >0, the transient

response of the multiple transposer will be improved compared to the case where p=0.

Fig. 6 illustrates an example scenario for the efficient operation of a multiple order
subband block based transposition applying a single 64 band QMF analysis filter bank.
Indeed, the use of three separate QMF analysis banks and two sampling rate converters
in Fig. 5 results in a rather high computational complexity, as well as some
implementation disadvantages for frame based processing due to the sampling rate
conversion 501-3, i.e. a fractional sampling rate conversion. It is therefore suggested to
replace the two transposition branches comprising units 501-3 — 502-3 — 503-3 and
501-4 — 502-4 — 503-4 by the subband processing units 603-3 and 603-4,
respectively, whereas the branch 502-2 — 503-2 is kept unchanged compared to Fig 5.
All three orders of transposition are performed in a filterbank domain with reference to
Fig. 1, where At, /At, =1/2 and Af,/Af, =2 . In other words, only a single analysis
filterbank 502-2 and a single synthesis filterbank 405 is used, thereby reducing the

overall computational complexity of the multiple transposer.

For the case Q,=3,S, =1, the specifications for subband processing unit 603-3 given by

formulas (1)-(3) are that the subband processing unit 603-3 has to perform a subband

stretch of S=2and a subband transposition of 9 =3/2, and that the correspondence
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between source subbands with index » and target subbands with index m is given by

n=2m/3.Forthe case Q,=4,S, =1, the specifications for subband processing unit 603-

4 given by formulas (1)-(3) are that the subband processing unit 603-4 has to perform a
subband stretch of §=2and a subband transposition of 9=2, and that the

correspondence between source subbands with index » and target subbands with index

m is given by n~2m.

[t can be seen that formula (3) does not necessarily provide an integer valued index n for
a target subband with index m. As such, it may be beneficial to consider two adjacent
source subbands for the determination of a target subband as outlined above (using
formula (14)). In particular, this may be beneficial for target subbands with index m, for
which formula (3) provides a non-integer value for index n. On the other hand, target
subbands with index m, for which formula (3) provides an integer value for index n, may
be determined from the single source subband with index n (using formula (5)). In other
words, it is suggested that a sufficiently high quality of harmonic transposition may be
achieved by using subband processing units 603-3 and 603-4 which both make use of
nonlinear subband block processing with two subband inputs as outlined in the context
of Fig. 3. Moreover, when present, the control signal 104 may simultaneously affect the
operation of all three subband processing units. Alternatively or in addition, when the
three units 503-2, 603-3, 603-4 make use of a nonzero geometrical magnitude

weighting parameter p >0, the transient response of the multiple transposer may be

improved compared to the case where p=0.

Fig. 7 illustrates an example transient response for a subband block based time stretch
of a factor two. The top panel depicts the input signal, which is a castanet attack
sampled at 16 kHz. A system based on the structure of Fig. 1 is designed with a 64 band
QMF analysis filterbank 101 and a 64 band QMF synthesis filterbank 103. The subband
processing unit 102 is configured to implement a subband stretch of a factor S=2, no
subband transposition (Q =1) and a direct one-to-one mapping of source to target
subbands. The analysis block stride is p =1 and the block size radius is R=7 so the block
length is L=15subband samples which corresponds to 15-64 =960 signal domain (time
domain) samples. The window w is a raised cosine, e.g. a cosine raised to the power of

2. The middle panel of Fig. 7 depicts the output signal of the time stretching when a pure
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phase modification is applied by the subband processing unit 102, i.e. the weighting
parameter p =0is used for the nonlinear block processing according to formula (5). The
bottom panel depicts the output signal of the time stretching when the geometrical
magnitude weighting parameter p =1/2 is used for the nonlinear block processing
according to formula (5). As can be seen, the transient response is significantly better in
the latter case. In particular, it can be seen that the subband processing using the
weighting parameter p=0results in artifacts 701 which are significantly reduced (see
reference numeral 702) with the subband procsssing using the weighting parameter

p=1/2.

In the present document, a method and system for harmonic transposition based HFR
and/or for time stretching has been described. The method and system may be
implemented at significantly reduced computational complexity compared to
conventional harmonic transposition based HFR, while providing a high quality harmonic
transposition for stationary as well as for transient signals. The described harmonic
transposition based HFR makes use of block based nonlinear subband processing. The
use of signal dependent control data is proposed to adapt the nonlinear subband
processing to the type, e.g. transient or non-transient, of the signal. Furthermore, the use
of a geometrical weighting parameter is suggested in order to improve the transient
response of harmonic transposition using block based nonlinear subband processing.
Finally, a low complexity method and system for harmonic transposition based HFR is
described which makes use of a single analysis / synthesis filterbank pair for harmonic
transposition and HFR processing. The outlined methods and systems may be employed
in various decoding devices, e.g. in multimedia receivers, video/audio settop boxes,

mobile devices, audio players, video players, etc.

The methods and systems for transposition and/or high frequency reconstruction and/or
time stretching described in the present document may be implemented as software,
firmware and/or hardware. Certain components may e.g. be implemented as software
running on a digital signal processor or microprocessor. Other components may e.g. be
implemented as hardware and or as application specific integrated circuits. The signals
encountered in the described methods and systems may be stored on media such as
random access memory or optical storage media. They may be transferred via networks,

such as radio networks, satellite networks, wireless networks or wireline networks, e.g.
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the internet. Typical devices making use of the methods and systems described in the
present document are portable electronic devices or other consumer equipment which
are used to store and/or render audio signals. The methods and system may also be
used on computer systems, e.g. internet web servers, which store and provide audio

signals, e.g. music signals, for download.
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CLAIM

1. A subband processing unit (102) configured to determine a synthesis subband signal
from an analysis subband signal; wherein the analysis subband signal comprises a
plurality of complex valued analysis samples at different times, each having a phase and
a magnitude; wherein the analysis subband signal is associated with a frequency band of
an input audio signal; wherein the subband processing unit (102) comprises

— ablock extractor (201) configured to repeatedly
— derive a frame of Linput samples from the plurality of complex valued
analysis samples; the frame length L being greater than one; and

— apply a block hop size of psamples to the plurality of complex valued

analysis samples, prior to deriving a next frame of Linput samples;
thereby generating a suite of frames of Linput samples;

— anonlinear frame processing unit (202) configured to determine a frame of
processed samples from a frame of input samples, by determining for each
processed sample of the frame:

— the phase of the processed sample by offsetting the phase of the
corresponding input sample; and

— the magnitude of the processed sample based on the magnitude of the
corresponding input sample and the magnitude of a predetermined input
sample; and

— anoverlap and add unit (204) configured to determine the synthesis subband signal
by overlapping and adding the samples of a suite of frames of processed samples;
wherein the synthesis subband signal is associated with a frequency band of a
signal which is time stretched and/or frequency transposed with respect to the input

audio signal.

2. The subband processing unit (102) of claim 1, wherein the block extractor (201) is

configured to downsample the plurality of complex valued analysis samples by a

subband transposition factor Q .

3.  The subband processing unit (102) of any previous claim, wherein the block extractor

(201) is configured to interpolate two or more complex valued analysis samples to

derive an input sample.
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The subband processing unit (102) of any previous claim, wherein the nonlinear frame
processing unit (202) is configured to determine the magnitude of the processed
sample as a mean value of the magnitude of the corresponding input sample and the

magnitude of the predetermined input sample.

The subband processing unit (102) of claim 4, wherein the nonlinear frame processing
unit (202) is configured to determine the magnitude of the processed sample as the
geometric mean value of the magnitude of the corresponding input sample and the

magnitude of the predetermined input sample.

The subband processing unit (102) of claim 5, wherein the geometric mean value is
determined as the magnitude of the corresponding input sample raised to the power of

(1-p), multiplied by the magnitude of the predetermined input sample raised to the

power of p, wherein the geometrical magnitude weighting parameter p € (0,1].

The subband processing unit (102) of claim 6, wherein the geometrical magnitude

weighting parameter p is a function of a subband transposition factor Q and a

subband stretch factor S.

The subband processing unit (102) of claim 7, wherein the geometrical magnitude

weighting parameter p =1 1

Qs

The subband processing unit (102) of any previous claim, wherein the nonlinear frame
processing unit (202) is configured to determine the phase of the processed sample by
offsetting the phase of the corresponding input sample by a phase offset value which is
based on the predetermined input sample from the frame of input samples, a

transposition factor Q and a subband stretch factor S.

The subband processing unit (102) of claim 9, wherein the phase offset value is based

on the predetermined input sample multiplied by (QS—1) .

The subband processing unit (102) of claim 10, wherein the phase offset value is given

by the predetermined input sample multiplied by (QS —1) plus a phase correction



10

15

20

25

30

35

12.

13.

14.

15.

16.

17.

18.

39

parameter 6.

The subband processing unit (102) of claim 11, wherein the phase correction
parameter 6 is determined experimentally for a plurality of input signals having

particular acoustic properties.

The subband processing unit (102) of any previous claim, wherein the predetermined

input sample is the same for each processed sample of the frame.

The subband processing unit (102) of any previous claim, wherein the predetermined

input sample is the center sample of the frame of input samples.

The subband processing unit (102) of any previous claim, wherein the overlap and add
unit (204) applies a hop size to succeeding frames of processed samples, the hop size

being equal to the block hop size p multiplied by a subband stretch factor S.

The subband processing unit (102) of any previous claim, wherein the subband
processing unit (102) further comprises:
— awindowing unit (203) upstream of the overlap and add unit (204) and configured

to apply a window function to the frame of processed samples.

The subband processing unit (102) of any previous claim, wherein

— the subband processing unit (102) is configured to determine a plurality of synthesis
subband signals from a plurality of analysis subband signals;

— the plurality of analysis subband signals is associated with a plurality of frequency
bands of the input audio signal; and

— the plurality of synthesis subband signals is associated with a plurality of frequency
bands of the signal which is time stretched and/or frequency transposed with

respect to the input audio signal.

A method for generating a synthesis subband signal that is associated with a frequency
band of a signal which is time stretched and/or frequency transposed with respect to an
input audio signal, the method comprising:

— providing an analysis subband signal which is associated with a frequency band of

the input audio signal; wherein the analysis subband signal comprises a plurality of
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complex valued analysis samples at different times, each having a phase and a
magnitude;

— deriving a frame of Linput samples from the plurality of complex valued analysis
samples; the frame length L being greater than one;

— applying a block hop size of psamples to the plurality of complex valued analysis

samples, prior to deriving a next frame of Linput samples; thereby generating a
suite of frames of input samples;
— determining a frame of processed samples from a frame of input samples, by
determining for each processed sample of the frame:
— the phase of the processed sample by offsetting the phase of the
corresponding input sample; and
— the magnitude of the processed sample based on the magnitude of the
corresponding input sample and the magnitude of a predetermined input
sample; and
— determining the synthesis subband signal by overlapping and adding the samples

of a suite of frames of processed samples.

A storage medium comprising a software program adapted for execution on a
processor and for performing the method steps of claim 18 when carried out on a

computing device.



