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CROSS PRODUCT ENHANCED SUBBAND BLOCK BASED HARMONIC TRANS-
POSITION
TECHRICAL FIELD

The present invention relates to audio source coding systems which make use of a harmeonic
transposition method for high-frequency reconstruction {HFR), to digital effect processors, such as
exciters which generate banmonic distortion to add brightness to a processed signal, and to time
stretchers which prolong a signal doration with maintained spectral content.

BACKGROUND OF THE INVENTION

Tn WQUB/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 cading system, 2 fow band-
width signal is presented to a core waveform coder and the higher frequencies are regenerated osing
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 2 high band with perceptually pleasant characteristics. The harmon-
i¢ transposition defined in WOU8/57436 performs very well for complex musical material in a situa-
tion with low cross over frequency. The principle of a harmonic transposition is that a sinusold with

frequency & is reapped to a sinusoid with frequency @ @ where ¢, > 1 is an integer defining the

order of the transposition. In contrast to this, a single sideband modulation (88B) based HFR ruaps a
sinusoid with frequency ¢ to a sinusoid with frequency @+ &® where Agis a fixed frequency
shift, Given a core signal with low bandwidth, 2 dissonant ringing artifact will result from the SSB
iransposition,

In order to reach the best possible audio quality, state of the art high guality harmonic HFR
racthods employ complex modulated filter baoks with very fine frequency resolution and a high de-
gree of oversampling to reach the required audio guality. The fine resolution is necessary to avoid
unwanted interraodulation distortion arising from the nonlinear treatment of sums of sinusoids. With
sufficiently narrow subbands, the high quality methods aim at having at most one sinusoid 1o each
subband. A high degree of oversampling in time is necessary 1o avoid alias type distortion, aad a cer-
tain degree of oversampling in frequency is necessary to avoid pre-echoes for transient signals. The
obvious drawback is that the computational complexity becomes very high.

Another common drawback associated with harmonic transposers becomes apparent for sig-

nals with a prominent periodic structure. Such signals are supertmpositions of harmonically related

transposition of order {3, the outpnt stnuscids have frequencies Q¢Q,2Q¢,§2,3Qg,ﬁ,... , which, 111 case

of O, >1, is only a strict subset of the desired full harmonic serles. In terms of resulting audio quality
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a “ghost” pitch corresponding to the transposed fundamental frequency (82 will typically be per-
ceived. Often the harmonic transposition results in a "metallic” sounding character of the encoded and
decoded audio signal.

In WO201(/081892, which is incorporated herein by reference, the method of cross products

W

was developed to address the above ghost piteh problers in the case of high quality transposition. Giv-
en partial or transmitted full information on the fimdamental frequency value of the Jominating har-
monic part of the signal to be transposed with higher fidelity, the nonlinear subband moedifications are
supplemented with nonlinear combinations of at least two different analysis subbauds, where the dis-
tances between the analysis subband indices are related to the fundamental frequency. The resuit is to
1¢  regenerate the missing partials in the transposed output, which bowever happens at a considerable
computational cost.
SUMMARY OF THE INVENTION

It view of the above shortcomings of available HFR methods, it is an object of the present in-
vention {6 provide & more efficient implementation of cross-product enhanced HFR. In particolar, 1t is
an object to provide such a method enabling 2 bigh-fidelity audio repreduction at a reduced computa-
tional effort compared to available techmques.

The present invention achieves at least one of these objects by providing devices and methods
as set forth in the independent claims.

In a fivst agpect, the invention provides a system configured to generate a time siretched
20 andfor frequency transposed ¢gnal from an input signal. The system comprises:

® an analysis filter bank configured to derive a number ¥ of analysis sub-
band signals from the input signal, whereln each analysis subband signal comprises a phurality

of complex-valued analysis samples, each having a phase aud a magnitude;

2 2 subband processing unit configured to determmine a synthesis subband
25 signal from the ¥ analysis subband signals using a subband transposition factor {4 and a sub-

band stretch factor 8, at least one of Q and § being greater thao one, wherein the subband pro-
cessing unit comprises:
o ablock extractor configured to:
= i} form Y frames of L inpot samples, each frame being ex-
3¢ tracted from said plurality of complex-valued analysis samples in an analysis
subband signal and the frame length being £> 1; and
= i1} apply a block hop size of & samples to said plurality of

analysis samples, prior to fooning a subsequent frame of L input samples,

L
1%

¢ anonlinear frame processing onit contigured w generale, oo the basis of

Y corresponding frames of input samples formed by the block extactor, a frame of
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processed samples by determining a phase and magnitude for each processed sample
of the frame, wherein, for at least one processed sample:
= 1} the phase of the processed sample is based on the re-

spective phases of the corresponding input saraple in each of the ¥ frames of

1943

input samples; and
= 1) the magnitude of the processed sampie is based on the
magnitude of the corresponding input sample in each of the ¥ frames of ioput
samples; and
o anoverlap and add unit configured to determing the synthesis subband
10 signal by overlappiog and adding the samples of a sequence of frames of processed
samples; and

® a synthesis filter bank configured to generate the time stretched and/or

frequency trausposed signal from the synthesis subband signal.
The system may be operable for any positive integer value of ¥. However, it is operable at
15 leastfor ¥=2.
In a second aspect the invention provides method for generating a tirne-stretched andfor fre-
gquency-teansposed signal from an input signal. The method comprises:

8 deriving a number ¥ > 2 of analysis subband signals from the toput sig-

nal, wherein each analysis subband signal comprises a plurality of complex-valued analysis
20 samples, each having a phase and a magnitude;

® forming ¥ frames of L input samples, each frame being extracted frorm
said plurality of complex-valued analysis samples 1o an analysis subband signal and the frame
length being £> 1

& applying a block hop size of & samples o said plurality of analysis sam-

25 ples, prior to deriving & subsequent frame of L input samples, thereby generating a sequence
of frames of input samples;

@ genexating, on the basis of ¥ corresponding frames of input samples, a
frame of processed samples by deterruining & phase and a magnitude for gach processed sam-
ple of the frame, wherein, for at least one processed sample:

36 o the phase of the processed sample is based on the wespective phases of
the somresponding inpui sample in at least one of the ¥ frames of input saraples; and

o the magnifude of the processed sample is based on the agnitude of the

corresponding input sample in each of the ¥ frames of input samples;

75
(¥4

samples of 4 sequence of frames of processed samples; and
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® generating the time stretched andfor frequency transposed signal from
the synthesis subband signal.

Here, Y is an arbitrary integer greater than one. The system according to the first aspect is op-
erable to carry out the roethod at least for Y =2,

A third aspect of the invention provides a computer program product including & computer
readable medium {or data carrier) storing software 1nstructions for causing a programmable computer
to execuie the method according to the second aspect.

The invention is based on the realization that the general concept of cross-product enhanced
HFR will provide improved resulis when the data are processed arranged in blocks of complex sub-
band samples. fnfer glia, this raakes 1t possible to apply a frame-wise phase offset to the samples,
which has been found to reduce intermodulation products int some situations. It is further possible to
apply & magnitude adjustment, which may lead to similar advantageous effects. The inventive imple-
mentation of cross-product enhanced HER includes subband block based harmonic transposition,
which may significantly reduce intermodulation products, Hence, a filter bank with a coarser frequen-
¢y resolution and/or a fower degree of eversampling (such as a QMF filter bank) can be used while
preserving a high cutput guality. Io subband block based processing, a time block of complex subband
samples is processed with 2 corumon phase modification, and the superposition of several modified
samples to form an output subband sample has the vet effect of suppressing intermodulation products
which wonld otherwise cccur when the input subband signal consists of several sinusoids. Transposi-
tion based on block based subband processing has much lower computational complexity thas high-
resolution transposers and reachies abmost the same quality for many signals.

For the purpose of this disclosure, it is noted that in embodiments where Y2 2, the non-linear
processing unit uses as input ¥ "corresponding” fraraes of input samples in the sense that the frames
are synchronous or near synchronous. E.g., the saraples o the respective frames may relate to time
intervals having a substantial time overlap between the frames, The term “corresponding” is also used
with respect to samples to indicate that these are synchronous or approximately 0. Farther, the tena
“frame” will be used interchangeably with “block™. Consequently, the "block hop size™ may be equal
to the frame length (possibly adjusted with respect to downsampling if such is applied) or may be
smaller than the frame length (possibly adjusted with respect to downsampling if such is applied), in
which case consecutive frames overlap in the sense that an input sample may belong to more than one
frarmne. The system does not necessarily generate every processed sample in 2 frame by determining its
phase and magnitude based on the phase and magnitude of all ¥ comresponding fraroes of input sam-

ples; without departing from the invention, the system may genseate the phase and/or reagonitude of

some.processed saraples based on a smaller number of comesponding input samples..or.based oo one.

input samyple ondy.
In one embodiment, the analysis filter bank is a quadrature mirror filter (QMFE) bank or pseu-

do-QMF bank with any number of taps and points. It raay for tnstance be a 64-point QMF bank, The
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analysis filter bank may further be chosen fron: the class of windowed discrete Fourer transforms or a
wavelet transforms. Advantageously, the synthesis filter bank maiches the analysis filter bank by be-
ing, respectively, an inverse QMF bank, an inverse pseudo-QMFE bank ete. It s known that such filter
banks may have a relatively coarse frequency resolution and/or a relatively low degree of over-
sampling. Unlike the prior art, the invention may be embodied using such relatively simpler conmpo-
nents without necessarily suffering from a decreased output guality; hence such embodiments repre-
sent an economic advantage over the prior art,

In one embodiment, one or more of the following 1 true of the analysds filter hank:

® an anabysds tie steide is A7
® an aualysis frequency spacing is AF,;
8 the analysis filter bank includes N > 1 analysis subbands indexed by an

analysis subband dndex n=0,...,N -1,
® an analysis subband is associated with a frequency band of the lapus sig-
nal.

In one embodiment, one or more of the following is trae of the synthesis filier bank:

@ a synthesis time stride is Afg;
& a synthesis frequency spacing is Af ;
8 the synthesis filter baok includes 84 > 1 synthesis subbands indexed by a

synthesis subband index m = {,..., M —1,
® a synthesis subband is associated with a frequency band of the time-
stretched andfor frequency-iransposed signal.

In one smbodiment, the nonlincar frame processing unit is adapted to input two frames (¥ =2}
in grder to generate one frame of processed samples, and the subband processing vuit includes a cross
processing corirol unit for generating cross processing control data. By thereby specifying the gquanii-
tative andfor quatitative characteristics of the subband processing, the invention achieves flexibility
and adaptability. The control data may specify subbands (e.g., identified by indices) that differ in fre-
quency by a fundamental frequency of the input sigaal. In othber words, the indices identifying the
subbands may differ by an integer approximating the ratio of such fundarental frequency divided by
the analysis freguency spacing. This will lead to a psychoaccustically pleasing oulput, as the new
spectral components gensrated by the harnsonic transposition will be compatible with the series of
natural harmonics.

In a further development of the preceding embodiment, the (input) analysis and {cotput) syn-

s subband indices are chosen $o as 10 satisfy equatio
equation makes it applicable to both oddly and evenly stacked filier banks. When subband indices

obtained as an approximate {(e.g., least squares) solution to equation {(18), the uew speciral component
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obtained by harmonic transposition will be likely to be compatible with the series of natural hanmon-
ics. Hence, the HFR will be likely to provide a faithful reconstruction of an origiaal signal which has
had its high-frequency content removed,

A further development of the preceding evabodiment provides a way of sclecting parameter 7
appearing in equation {18) and representing the order of the cross-product transposition. Given an
output subband index m, each value of the transposition order r will determine two analysis subband
indices »;, 1, This further development assesses the magnitudes of the two subbands for a mumber of »
options and selects that value which gives maximdzes the minimum of the two analysis subband mag-
nitades, This way of selecting indices may avoid the need to restore sufficient magnitude by avaplify-
tng weak components of the input sigaal, which syay lead to poor output quality. In this connection,
the subband magnitudes may be computed in 4 manoer per se knowa, such as by the square root of
squared input samples forming a frame (block) or part of a frame. A subband reagnitude may also be
computed as a magnitude of a central or near-central sample in a fraroe. Such a computation may pro-
vide a simple yet adequate magnitude measure.

In a further development of the preceding embodiment, a synthesis subband may receive con-
tributions from harmonic transpesition instances according to both direct processing and cross-product
based processing. In this connection, decision criteria may be applied to deternine whether a particu-
far possibility of regenerating a missing partial by cross-product based processiog is to be used or not.
For instance, this further developinent may be adapied to refrain from using one crose subband pro-
cessing unit if one of the following conditions is fulfilled:

2} the ratio of the magninde 8 of the direct source term analysis subband vielding the syn-
thesis subband and the least magnitude M¢ in an optimal pair of cross source terms yielding the syn-
thesis subband is greater than a predetermined constant

b) the synthesis subband already receives a significant contribution from a direct processing
uIt;

¢} a fundamental frequency £ is smaller than the analysis filter bank spacing Afi.

In one embodimeni, the 1avention includes downsampling {decimation) of the luput signal,
Indeed, one or more of the frames of inpet samples may be determined by downsampling the com-
plex-valued analysis samples in @ subband, as may be effected by the block extractor,

In a further development of the preceding embodiment, the downsampling factors 1o be ap-
phied satisfy equation {15) below. Not both downsampling factors are allowed to be zevo, as this corre-
sponds to a trivial case. Bquation (15) defines a relationship between the dowasampling factors D, B

with the subband streteh facior § and the subband transposition factor 3, and further with phase coef-

~ficients. Ty, Tp.appearing in an.expression {13).for.determining the phase of 8 processed sample. This...

cusures a matching of the phase of the processed samples with the other components of the input sig-

nal, to which the processed samples are to be added.

PCT/EP2011/065318
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In one embodiment, the frames of processed samples are windowed before they are over-
lapped and added topether. A windowing unit may be adapted {o apply a finite-length window fung-
tion to frarmes of processed samples, Suitable window functions are conmerated in the appended
claims,

The inventor has realized that cross-product methods of the type disclosed o
WO201(/081892 are not entirely compatible with subband block hased processing technigues from
the ongsel, Although such a method may be satisfactonly applied to one of the subband samples in a
blogk, it might lead to aliasing artifacts if it were extended 1o the straightforward manner to the other
samples of the block. To this end, one embodiment applies window functions comprising window
samples which add up — when weighted by complex weights and shifted by 2 hop slze — o a substan-
tially constant seguence. The hop size may be the product of the block hop size h and the subband
stretch factor S. The use of such window functions reduces the impact of aliasing artifacts. Alterna-
tively or additionally, such window functions may also allow for other measures for reducing artifacts,
such as phase rotations of processed samples.

Preferably, consecutive complex weights, which are applied for assessing the condition on the
window sampies, differ only by 2 fixed phase rotation. Further preferably, said fixed phase rotation is
proportional to a fundamental frequency of the input signal. The phase rotation may also be propoe-
tional to the order of the cross-product transpostiion i be applied andéor to the physical transposition
parameter andfor (o the difference of the downsampling factore and/or o the analysis time stride. The
phase rotation may be given by equation (211, at least in an approximate sense.

In one emsbodiment, the present invention enables cross-product enhanced harmonic transposi-
tion by modifying the synthesis windowing in response to a fundamental frequency pacameter,

In one embodiment, successive frames of processed samples are added with a certain overlap.
To achigve the suitable overlap, the frames of processed frames are suitably shifted by @ hop size
which is the block hop size & upscaled by the subband streteh factor 5. Hence, if the overlap of con-
secutive frames of input samples is L — &, then the overlap of consecutive frames of processed samples
may be S{L - &),

In one embodiment, the system according to the invention {s operable not only to generate a
processed sample on the basis of ¥'= 2 input samples, but also on the basis of ¥ = 1 sample only.
Hernce, the systemn may regenerate missing partials not only by a cross-product based approach (such
as by equation {13)) but also by 2 direct subband approach {such as by equation (5} or (11}). Prefera-
bly, 2 control unit is configured to controf the operation of the system, including which approach is to
be nsed to regenerate a particular missing partial.
ate a processed sample on the basis of more than three samples, i.e., for ¥ > 3. For instance, a pro-
cessed sanmiple may be obtained by muliiple instances of cross-product based harmonic transposition

may contribute to a processed sample, by mnltiple instances of direct subband processing, or by 2
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combination of cross-product transposition and direct transposition. This option of adapting the trans-
position method provides for a powerful and versatile HFR. Consequenily, this embodiment is opera-
ble to carry out the method according to the second aspect of the invention for ¥=3, 4, 5 etc.

One embodiment is configured to determine a processed sample as a complex numiber baving
a magnitude which is a mean value of the respective magnitudes of corresponding input savaples. The
mean value may be a {(weighted) arithmetic, {weighted) geometric or {weighted) harmonic mean of
two or more input samples. In the case Y= 2, the mean is based on two complex input samples. Pref-
erably, the magnitude of the processed sample is a weighted geometric value, More preferably, the
geometric value is weighted by parameters g and 1 ~ p, as in equation (13). Here, the georneteical
magnifude weighting parameter p is a real oumber inversely proportional o the subband transposition
factor (3. The parameter p may further be inversely proportional fo the streteh factor 8.

In one embodiment, the system is adapted to determine 2 processed sample as & complex
nuxiber having a phase which is a linear combination of respective phases of corresponding input
samples in the frames of input samples. In particuiar, the linear combination may coraprise phases
relating to two input samples {¥'= 2). The linear combination of two phases may apply lnfeger won-
zera coefficients, the sum of which is equal to the stretch factor § multiplied by the subband transposi-
tion factor . Optionally, the phase obtained by such linear combination is further adjusted by a fixed
phase correction parameter. The phase of the processed saraple way be given by equation (13},

In one embodiment, the block extractor {or an analogous step in a methad according to the in-
vention) is adapted to interpolate two or more analysis samples from an analysis subband sigral in
order to obtain one input sample which will be included in a frame (block}, Such nterpolation may
enable downmixing of the input sigunal by a now-integer factor. The analysis samples to be interpolaied
may or may not be consecutive,

In one embodiment, the configuration of the subband processing may be controlled by control
data provided from outside the unit effecting the processing. The cooteol data may relate to momen-
tary acoustic properties of the input signal. Por instance, the system itseif raay include a section
adapted to determine momentary acoustic properties of the signal, such as the {dorsinant) fundamental
frequency of the signal. Knowiedge of the fundarmental frequency provides a gutdance in selecting the
analysis subbands from which the processed samples are to be derived. Suitably, the spacing of the
analysis subbands is proportional 1o such fundamental frequency of the input signal. As an alternative,
the control data may also be provided frorn cutside the system, preferably by being included in a cod-
ing format suiiable for ransmission as a bit steeam over a digital communication network. In addition
to the control data, such coding format may inclode information relating to lower-frequency compo-
nents.of g signal {&.g..components. at pos. 701 in Fig. 7). However, in the interest of bandwidih econs.
omy, the format preferably does not include complete information relating to higher-frequency com-
ponents {pos. 702}, which may be regenerated by the invention, The invention may in particular pro-

vide a decoding system with a control data reception unit configured 1o receive such control data,
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whether included in a received bit siream that also encodes the input signal or received as a separate
signad or bit stream.

One embodiment provides a technigue for efficiently carrying out computations occasioned
by the inventive methed. To this end, a hardware iraplementation may include a pre-normalizer for
rescaling the magnitudes of the corresponding input saxaples in some of the ¥ frames on which a
frame of processed samples are 10 be based. After such rescaling, a processed sample can be computed
as & {weighted) complex product of rescaled and, possibly, non-rescaled input saraples. An iuput sam-
ple appearing as a rescaled factor in the product normally need not reappear as & non-rescated factor,
With the possible exception of the phase coerection parameter 8, it is possible to evaluate equation
{13) as a product of {possibly rescaled) complex input samples. This represents a computational ad-
vantage in comparison with separate treatments of the magnitade and the phase of a processed sampie.

In ane embodiment, a system configured for the case ¥ = 2 comprises two block exiractors
adapted to form oue fraroe of input samyples each, in parallel aperation.

In a further development of the embodiments representing ¥ > 3, a system may comprise a
plurality of subband processing units, each of which is configured to determine an intermediate syn-
thesis subband signal using a different subband transposition factor andfor a different subband stretch
factor anddor transposition method differing by being cross-product based or direct. The subband pro-
cessing units raay be arranged in parallel, for parallel operation. In this embodiment, the system may
further comprise a merging unit arranged downstream of the subband processing vuits and upstream of
the synthesis filter bank. The merging unit may be adapted to merge {e.g., by mixing together) core-
sponding intermediate synthesis subband signals to obtain the synthesis subband signal, As already
poted, the intermediate synthesis subband which are merged roay have been obtained by both divect
and cross-product based harmonic transposition. A system accordiog to the emibodiment may further
comprise & core decoder for decoding a bit stream into an input signal, It raay also comprise a HFR
processing unit adapted o apply spectral band information, notably by performing spectral shaping.
The operation of the HFR processing unit may be controiled by information encoded in the bit stream,

One embodiment provides HFR of multi-dimensional signals, e.g., in a system for reproduc-
ing audio in a stereo format comprising Z channels, such as left, right, center, surround etc. Inone
possible implementation for processing an input signal with a plurality of channels, the processed
samples of each channel are based on the same namber of input samples although the stretch factor §
and transposition factor @ for each band may vary between chanoels. To this end, the implementation
may coraprise an analysis filter bank for producing ¥ analysis subband sigoals from each chanoel, a
subband processing unit for generating Z subband signals and a synthesis Glter bank for generating 2

~time-stretched and/or frequency transposed signals which form the output sigual.....

In variations to the preceding embodiment, the output signal may comprise output channels
that are based on different numbers of analysis subband signals. For instance, it may be advisable to

devote 2 greater amount of computational resources to HER of acoustically prominent channels; e.g.,
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channels to be reproduced by andio sourees located in front a listener may be favored over survound or
rear chanuels.

1t is emphasized that the invention relates to all combinations of the above features, even if
these are recited in different claims,

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described by way of llustrative examples, not Hmiting the
scape or spirit of the invention, with reference {o the accompanying drawings.

Fig. | illustrates the principle of subband block based harmonic transposition.

Fig. 2 illusteates the operation of nonlinear subband block processiag with one subband input.

Fig. 3 illustrates the operation of nonlinear subband block processing with two subband is-
puis,

Fig. 4 iHustrates the operation of cross product enhanced subband block based harmonic
transposition.

Fig. 5 illustrates an example scenario for the application of subband block based transposition
using several orders of transposition in a HFR enbanced audio codec.

Fig, 6 illusirates an example scenario for the operation of a multiple order subband block
based transposition applying a 64 band QMF analysis filter bank.

Figs. 7 and 8 illustrate experimental results of the described subband block based transposi-
tien method.

Pig. 9 shows 2 detail of the non-linear processing vnit of Fig. 2, including a pre-normalizer
and a multipher,

DESCRIPTION OF PREFERKED EMBODIMENTS

The embodiments described below are merely illustrative Tor the principles of the present in-
vention CROSS FRODUCT ENHANCED SUBBAND BLOCK BASED HARMONIC TRANSPOSITION. ftis
understood that modifications and variations of the arrangements and the detadls described herein will
be apparent to others skilled in the ast. It is the interd, therefore, that the invention be limited only by
the scope of the appended patent claims and not by the specific details presented by way of descrip-
tion and explanation of the embodiments herein.

Fig. T iHustrates the principle of subband block based transposition, time stretch, of a combi-
nation of transposition and tme streteh. The input time domain signal is fed to an analysis filter bank
101 which provides a multitude of coraplex valued subband signals. These are fod to the subband
processing unit 102, whose operation can be iofluenced by the control data 104, Each output subband

can either be obtained from the processing of one or frore two input subbands, or even as a superposi-

bands is fed to a synthesis filter bank 103, which in tum outputs the rwodified time domain signal. The

optional control data 104 describes the configuration and pavarseters of the subband processing,
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which may be adapted to the signal to be transposed. For the case of cross product enhanced transpo-
sition, this data may cany information relating to & dominating fundamental frequency.
Fig. 2 illustrates the operation of nonlinear subband block processing with one subband input.
Given the target values of physical tiree streteh and transposition, and the physical parameters of the
3 analysis and synthesis filter banks 161 and 103, one deduces subband time stretch and transposition
parametexs as well as a source subband index for each target subband index. The aim of the subband
block processing then is to realize the corresponding transposition, ime sireteh, or a combination of
transposition and time streteh of the complex valued source subbaod signal in order to produce the
target subband signal.

14 A block extractor 201 samples a finite frame of samples from the complex valued input sig-
nal. The frame is defined by an {npot poinier position and the subband transposition factor. This
frame undergoss nonlincar processing in processing section 202 and is subsequently windowed by
windows of finite and possibly variable length in windowing section 203. The resulting samples are
added to previcusly output samples in an overlap and add unit 204 where the output frame position is

15 defined by an ouiput pointer position. The input pointer is incremented by a fixed amount and the
cutput pointer is incremented by the subband stretch factor times the same amount, An iteration of
this chain of operations will produce an output signal with duration being the subband stretch factor
tirnes the inpui subband signal duration, up to the leagth of the synthesis window, and with complex
freguencies transposed by the subband transposition factor, The control sigaal 104 may influence

283 cach of the three sections 201, 202, 203,

Fig. 3 illusteates the operation of nonlinear subband block processing with two subband in-
puts. Given the target values of physical time stretch and transposition, and the physical parameters of
the analysis and synthesis filter basks {01 and 103, one deduces subband time stretch and transposi-
tion parameters as well as two source subband indices for each target subband index. In case the non-

25 loear subband block processing is 1o be used for exeation of missing partials through cross product
addition, the configuration of seetions 301-1, 301-2, 302, 303, as well as the values of the two source
subband indices, may depend on the output 403 of a cross processing control unit 404, The aim of the
subband biock processing is to realize the corresponding transposition, tine sixetch, or a combination

of transposition and tme stretch of the combination of the two complex vaiued source subband sig-

(A
==

nals in order to produce the target subband signal. A first block extractor 301-1 samples a finite time
frame of samples from the first coraplex valued source subband, and the second block extracior 301-2
saraples a finite frame of samples from the second coraplex valued source subband. The frames are
defined by a common input pointer position and the subband iransposition factor. The two frames
---------- undergo-nenlinear processing in302-and-are subseguentdy-windowed by-a finite Jongth window.in....
33 windowing section 303, The overlap and add unit 204 may have a slmilar or identical structure {o that
shown in Fig. 2. An iteration of this chain of operations will produce 48 output signal with duration

being the subband streteh factor times the longest of the two input subband signals, {(up to the lengih
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of the synthesis window). In case the two input subband signals carry the same frequencies, the out-
put signal will have complex freguencies transposed by the subband transposition factor. In the case
that the two subband signals carry different frequencics, the present invention teaches that the win-
dowing 303 can be adapted 1o generate an cutput signal which has a target frequency suitable for the
generation of missing partials in the transposed signal.

Fig. 4 iliustrates the principle of cross product enhianced subband block based fransposition,
time steetch, or & combination of ransposition and time stretch. The direct subband processing unit
401 can be of the Kind already described with reference to Fig. 2 {section 202} or Fig. 3. A cross sab-
band processing unit 402 is also fed with the multitude of complex valued subband signals, and its
operation is influenced by the cross processing control data 403, The cross subband processing unit
442 performs nonlinear subband block processing of the type with two subband inputs described in
Pig 3, and the output target subbands are added to those from the direct subband processing 401 in
adder 405. The cross processing control data 403 may vary for each loput pointer position and con-

sists of at least

& a selected list of target subband indices;
s a pair of source subband indices for each selected target subband index; and
® a finite length synthesis window.

A cross processing control unit 404 furnishes this cross processing control data 403 given 2
portion of the contro data 104 describing a fundamental frequency and the rauliitnde of complex
valued subband signals output from the analysis filter bank 101, The control data 104 may also carry
other signal dependent configuration parameters which influence the cross produet processing.

In the following text, a descripiion of principles of cross product enbanced subband block
based time stretch and ransposition will be outhoed with reference to Figs. 14, and by adding ap-
propriate matheraatical terminology.

The two main configuration parameters of the overall harmonic transposer andfor time
streteher are

s 3, : the desived physical time stretch factor; and
s {3, : the desired physical tramsposition factor.

The filter banks 101 and 103 can be of any complex exponential raodudated type such as

(MF or a2 windowed DFT or a wavelet transform. The analysis filter bank 181 and the synthesis filter

bank 103 can be evenly or oddly stacked 1o the modulation and can be defined from a wide range of

prototype filters and/or windows, While al} these second order choices affect the details in the subse-

parameters for the subband processing can typically be derived from the two quotients Agg fAs, and

AffAF, of the followiag four filier bank parameters, all measured ia physica! uaits. In the above
Vg 4 E ¢ 146

guotients,
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® At, is the subband sample time step or tive siride of the analysis filter
bank 101 {c.g. measured in seconds {s}};

® Af, is the subband frequency spacing of the analysis filier bank 101
{e.g. measured in Hertz [1/s]);

3 e As, is the subband sample time step or time stride of the synthesis filter

bank )3 {e.z. measured in seconds [s]); and

® Af, is the subband frequency spacing of the synthesis filter baak 103
{e.g. measured 1o Hertz [1/s]).
For the configuration of the subband processing unit 182, the following parameters should be

¢ copputed:

® & : the subband stretch factor, i.c. the stretch factor which is applied

within the subband processing unit 102 as a ratio of input and ouiput samples in order to

achisve an overal] physical time stretch of the time domain signal by §,;

® {3 : the subband transposition factor, Le. the transposition factor which

ey
n

is applied within the subband processing unit 102 in order o achieve an overall physical fre-
quency transposition of the tine domain signal by the factor @, and

® the correspondence between souree and target subband indices, wherein
n denotes an index of an analysis subband eptering the subband processing unil 1072, and m
dencies an index of a corresponding syothesis subband at the outpui of the subband pro-
20 cessing unit 102,

In order to determine the subband streteh factor §, 1t is observed thal an input signal to the
analysis filter bank 101 of physical duration I corresponds to a number D3/ Az, of analysis subband
samples at the input to the subband processing umit 102, These D/ Ar, samples will be stretched to
8-/ Az, samples by the subband processing unit 102 which applies the subband stretch factor 5.

25 At the output of the synthesis filter bank 103 these §- D/ Ae, sawples result in an output signal hav-
ing a physical duration of Ar, - 8- 13/ Ar, . Since this latter duration should meet the specified value
S, D, ie. since the dueation of the time domain output signal shoald be time siretched compared to
the time domain input signal by the physical time stretch factor §, the following design rule is ob-

tained:

- s=Bag o

In order to deterraine the subband transposition factor 3 which is applied within the subband

processing unit 102 in order 1o achieve a physical transposition @, it is observed that ag input sinus-

13
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aid to the analysis filter bank 101 of physical frequency € will result in a complex analysis subband
signal with discrete time angular frequency @ =220 As, and the main contribution oceurs within
the analysis subband with index #=Q/AF, . An output sinusoid at the output of the synthesis filter
bank 103 of the desired transposed physical frequency {, - £ will result from feeding the synthesis
5 subband with index m=~ @, £/ 4f; with a complex subband signal of discrete angular frequency
2z, -3 At In this context, care should be taken in order to avoid the synthesis of aliased output
frequencies different from ¢, -1, Typically this can be avoided by making appropeiate second order
choices as discussed, e.g. by selecting appropriate analysis and/or synthesis filter banks, The discreie
frequency 22Q, - €1 A, at the output of the subband processing unit 102 should comespond to the
10 discrete time frequency @= 248 Ar, at the ioput of the subband processing unit 102 wultiplied by
the subband transposition factor 3. Le., by setting equal 27Q0As, and 220, - Q- Aug, the follow-
ing relation between the physical transposition factor {J, and the subband transposition factor { may

be determined:

fA Y Pz
g=1g, . @
Y4
1§ Likewise, the appropriate source or analysis subband index n of the subband processing nait

132 for a given target ov synthesds subband index s should obey
A (39
A @,

In one embodireen, it holds that Af /&f, =@ . L.e. the frequency spacing of the synthesis

5y

filter bank 103 corresponds to the frequency spacing of the analysis filter bank 101 muluplied by the

20 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 detads
of the filter bank parameters. In particalar, if the fraction of the frequency spacing of the synthesis
filter bank {03 and the analysis filter bank 101 is different froxa the physical transposition factor @,
one or two source subbands may be assigned to a given target subband, In the case of two source

2% subbands, it xoay be preferable o use two adjacent source subbands with index s, n+1, respectively.
That is, the first and second source subbands are given by either {n(m), n{m) +1) or (n{m)y+1,n{m} ).

The subband processing of Fig. 2 with a single source subband will now be described as &

extractor 201, and let Abe the mput o

function of the subband processing parameters 8 and ¢ . Let x(&} be the input signal to the block

30 pal of an analysis subband with index . The block extracted by the block extractor 261 can without

loss of generality be considered to be defined by the L= & + R, samaples

14
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x&y=x{(Qk+al, k=-K.. K -1, {4}

wherein the integer ! is a block counting index, L is the block length and R, R, are
nonoegative integers. Note that for $=1, the block s extracted from consecutive samples but for
G > 1, adownsampling i¢ performed in such a manner that the input addresses are siretched out by
the factor Q. If s an integer this operation is typically straightforward to perform, whereas an
imterpolation method may be required for non-integer vafues of Q. This statement is relevant also for
non-integer values of the increment &, 1.2, of the input block stride. In an embodiment, short fnterpo-
lation filters, e.g, filters having two filter taps, can be applied to the complex valued subband signal.
For jnsiance, if a sample at the fractional time index &+ 0.51s requived, a two 1ap interpolation of the
form x(& +0.5) = ax (&) + bx{k + 1}, where the coefficients g, & may be constants or may depend on a
subband index (see, .g., WO2004/097794 and WO2007/085275), may ensure a sufficient guality.

A inferesting special case of formula (4} is B, =0, &, =1 where the exiracted block consists
of a single sanple, i.e. the block length is L =1,

With the polar representation of a complex number z= :[ expii £z}, wherein : is the magni-
fude of the complex number and £z is the phase of the complex number, the nonlinear processing
unit 202 producing the outpat frame y, from the input frame X, is advantageously defined by the

phase modification factor ¥ =8¢ through

ARy = (T =D x (O + Lx, (ky+ 31
)=l Of [

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

Bwd)

P

=—&.,..R -1 G

sponds 1o a pure phase modification of the extractad block. A particularly aftractive value of the mag-
nitude weiphting 1¢ p=1-1/T for which a certain computational complexity relief is obtained imre-
spectively of the biock length £, and the resulting transient response is somewhat iraproved over the
case p =0, The phase correction parameter # depends on the filter bank details and the souwrce and
target subband incdices. In an embodiment, the phase correction parameter € may be determined ex-
perimentally by sweeping a set of input siousoids. Furthermore, the phase correction pararneter

€ may be derived hy studving the phase difference of adjacent target subband complex sinusoids or
by optimizing the performuance for a Dirac pulse type of input signal. Finally, with a suitable design
of the analysis and synthesis filter banks 101 and 103, the phase correction parameter # niay be set to
zexo, or omitted. The phase reodification factor T should be an integer such that the cosfficients

i ngar somibination of phazey i the Hest Hve of formula ¢Sy With this

assurnption, i.e. with the assumption that the phase yaodification factor T is an integer, the result of
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the nonlinear modification is well defined even though phases are ambiguous by identification modu-
fo 2.

In words, formula (8) specifies that the phase of an cutput frame sample is determined by off-
seiting the phase of a corresponding input frame sample by a constant offset value. This constant off-
set value may depend on the modification factor T, which itself depends on the subband stretch fac-
tor and/or the subband transposition factor. Furthermore, the constant offset value may depend on the
phase of a particular input frame sample from the input frame. This partcnlar input frame sample is
kept fixed for the determination of the phase of all the output frame samples of a given block. I the
case of formula (5}, the phase of the center sample of the input frame is used as the phase of the par-
ticular input frame sample.

The second line of formulda (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 mag-
aitude of a sample of the output frame may depend on the maguituade of a particular input frame sam-
ple. This particular input frame sample may be used for the determination of the magoitade of all the
cutput frarne samples. In the case of forrmula (5}, the center sample of the input frarse {5 used as the
particular input frame sample. In an embodiment, the magnitude of 2 sample of the ouiput 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 uait 203, a window w of length £ is applied on the output frarce, resulting
in the windowed output frame

z{Ey=wik)y, k), &=-8..R~1 . &)

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

2{4 is defined by

k)= 7,0k~ Shi), (73

wherein it should be noted that the overlap and add unit 204 applies a block stride of Sh . ie.,
a time stride which is § times higher than the 1aput block stxide £ . Due to this difference in time
strides of formula (4} and (7) the duration of the output signal z{&)is § times the duration of the
input signal x{k}, i.e., the synthesis subband signal has been stretched by the subband siretch factor
& compared to the analysis subband signal. It should be noted that this observation typically applies if
the length Lof the window is negligible i comparison to the signal duration.

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

aunalysis subband signal corresponding to a complex sinusoid

5y
it may be determined by applying the formaulas (4)-(7) that the output of the subband pro-

cessing 102, {.e. the corresponding synthesis subband signal, is given by
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PCT/EP2011/065318



WO 2012/034890 PCT/EP2011/065318

2(ky=|Clexp[ {{T £C+8+ Qak) | 3 wik ~ Skl . o
independently of p. Heuce, a coraplex sinusoid of discrete time frequency @ will be trans-
fored into a complex sinusoid with discrete time frequency Qe provided the synihesis window
shifts with a stride of §% sum up to the same constant value K forall &,
5 > owlk-Shiy=K . (10
{
1t is ifbustrative to consider the special case of pure transposition where §=1 and T=Q . I

the input tlock stride fs i=1 and R, =0, R, =1, all the above, 1.e. notably formula (3), reduces to the

point-wise or sample based phase modification rule

Sk =T Lek) + 8 -
C {11}
{20k = ()]
1Y) The subband processing unit 102 raay use the control data 104 to set certain processing pa-

rameters, €.8. the block length of the block extractors,
In the foliowing, the description of the subband processing will be extended to cover the case
of Fig. 3 with two subband inputs, 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 exiractor 301-2, Bach extractor
15 can use a different downsampling factor, leading to the exiracted blocks

EOESM YR
271 o N k=-R,. R~
k=24 ru)J

1. (12)

The nonlinear processing 302 produces the output frame y, and may be defined by
Ly (k=T + T, L2 (i + al

e ey | -

S
the processing in 303 3s again descaibed by (6} and (7) and 204 s identical to the overlap and
20 add processing described in the context of the single input case.

The definition of the nonnegative real paramesters £, 5, , o and the nonnegative integer pa-
rameters T;,7, and the synthesis window wnow depends on the desired operation mode. Note that if
the same subband is fed to both imputs, XV &) =xP (k) and B, =0 .0, =0, T, =1, T, =T ~1, the
operations in {12} and {13) reduce to those of {(4) and {§) in the single input case.

25 In one ernbodiment, wherein the ratio of the frequency spacing Af, of the synthesis filter

physical transposition factor {2, it may be beneficial wo determine the samples of a synthesis sub-

band with index m from two analysis subbands with index n, 1 + 1, respectively. For a given index m,

the coresponding index » may be given by the integer value obtained by truacating the analysis tndex
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value # given by formula (3}, Gue of the analysis subband signals, e.z., the analysis subband signal
corresponding to index #, Is fed into the first block exiractor 301-1 and the other analysis subband
sigral, 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 cotresponding o index 1 is deter-
mined in accordance with the processing cutlined above. The assignment of the adjacent analysis
subband signals to the two block extractors 301-1 and 302-1 roay be based on the remainder that is
obtained when iruncating the index value of formula (3), i.e. the differcnce of the exact index value
given by formoula (3} and the truncated imteger value n obtained frore formula (33, I the remainder is
greater than 0.3, then the analysis subband signal comresponding to index » 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. In thig operation mode, the parameters may be designed such that input sub-
band signals sharing the same complex fregquerncy @,

k=, explioik) |

{_x k=0, exp(ia)k)} !

{14

lead 1o an output subband signal being 2 complex sinusoid with discrete tirne frequency Q.

[t turas out that this happens if the following relations hold:

P

(=00 +7,0,
1S3 =T 47,

A

L

o~~~
[
LR
N

For the operation mode of generailng missing partials by means of cross products, the design
criteria are different. Returning to the physical transposition parameter ¢, . the aim of a cross product
adidbion is to produce output at the frequencies (3 G +r&, for r=1, 3, -1 given lnputs at fre-
gquencies 0 and £+, where £ is a fundamental frequency belonging to a dominant pitched
component of the input signal. As described in WO2010/081892, the selective addition of those terins
will result in a completion of the harmonic series and a significant veduciion of the ghost pitch arti-
fact.

A counstructive algorithrn for operating the cross processing control 404 will sow be outlined.
Given a target output subband iodex i, the parameter r= L., 0, ~1 and the fundamental frequency
£3, , one can deduce appropriate source subband indices #, and 5, by solving the following system of

equations in an approxirate sense,

(16)
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where ¢ =1/2 for oddly stacked filter bank modudation {as typically used for QMF and
MDCT filter banks) and o =0 for evenly stacked {ilter bank modulation (as typically used for FEYV
filter banks) .
With the definitions
5 ® pe=LY 4 AF, o the fundarental frequency messured in units of the anal-
ysis filter bank frequency spacing;
& F = Af 1 AF,  the quotient of synthesis Lo analysis subband frequency
spacing; and
¢ nl (mrofzre ¢ : the real valued target for an integer valued
10 lower source index,
an example of advamtageous approximate solution to {18) is given by selecting », as the infe-
ger closest to n’, and n, as the integer closestio n/ + p.
If the fundamental frequency is smaller than the analysis filter bank spacing, that 153t p <1,
it may be advantageous to cancel the addition of a cross product,
i5 As it Is taught in WO2010/081892, a cross product should not be added to an output subband
which already has a significant main contribution from the transposition withow ceoss products.
Moreover, at most one of cases r=1,. .‘_.Qp ~ I should contribute to the cross product output. Here,
these rules way be carried out by performing the following three steps for each target cutput subband
index m:
20 1. Compute the maximmum M over all choices of r=1,, el 1 of the

M and Ixml evaluated in (or froni a

minimum of the candidate source subband magnitudes x’
. . v . {1 2y
neighborhood of) the central time slot & = /4! , wherein the source subbands AP and may

be given by indices »; and #; as in equation (16);

t>

Compute the corresponding raagnitude M for the divect source term ﬁr;

obtained from a source subband with index n=~-——m {c¢f eg. 3}
@

[
LA

3 Activate the cross term from g winning choice for M. in poist 1 above

only if M. >gM ., where ¢ is 2 predetermined threshold value.

Variations to this procedure may be desirable depending on the particular system configura-

3 pending on the quotient M . /M ;. Another variation is to expand the maximization in poiot 1 to more

than @, —1 choices, for example defined by « finite lst of candidate values for fundamental frequency
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measured in analysis frequency spacing units p. Yet auother variation is to apply different measures
of the subband magniiudes, such as the magnitude of a fixed sample, 3 maximal magnlwude, an aver-
age magnitude, a magnitude in Fopor seuse, el
The Hist of target source bands m selected for addition of a cross product together with the
5 wvalues of », and 5, constitites 3 main part of the cross processing control data 403, What reroains to
be described is the confignration paraweters D, 5, , o, the nonnegative integer parameters 7,7,
appearing in the phase wotation (13) and the synthesis window wto be used in the cross subband pro-
cessing 402, Inserting the sinusoidal model for the cross product situation leads to the following

source subband signals:

10 §X k= G explik) } : (17)
E\x“"' (k)= C, exp{i{ew+ a3 )k}
where @=27540, and @y = 278,41, . Likewise, the desired output subband is of the form
Wy =, exp[iQ{w+m@J wi)k] . (18)
Computations reveal that this target ouiput can be achieved if (15} is fulfilled jointly witk
v 19)
15 The conditions (15) and (19) are squivalent to
7 =g, 1S, 1
T =r§, " (25)

O, ~ 1D, D, =0, 1S }
which defines the integer factors T;, 7, for the pbhase modification in {13} and provides some
design freedom in sefting the values of downsampling factors 53, &, . The magnitmde weighting pa-
rameter may be advantageously chosen to o= r/ (. As can be seex, these configuration parameters
20 only depend on the fundamental frequency 3, through the selection of r. However, for (18) o hold,

a new condition on the synthesis window w ernerges, namely

E X Wk -Shiy=K, with

LR = explia), @l
KO~ vy i
P p____‘_%..ﬁm’( D, - 30A, 40,8, ,‘

21

proximately is io be provided

8¢ processing control

25 It is noted that the above algorithm for computing cross processing conirol data 403 on the

basis of wnput parameters, such as a target output subband index m and a fundamental frequency 0,
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1§ of 2 purely exemplifying nature and as such does oot lirnit the scope of the invention. Vadations of
this disclosure within the skilled person’s knowledge and routine experiraentation — e.g., a further
subband block based processing method providing a signal (18} as outpot in response to input signals
{17} — fall entirely within the scope of the invention.

Fig. 5 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 re-
ceived at a core decoder 501, which provides a low bandwidth decoded core signal at a sampling
frequency f35. The low bandwidih decoded core signal is resampled to the output sarapling frequency
2fs by means of a complex modulaied 32 band QMF analysis bank 502 followed by 2 84 band QMF
syathesis bank (Inverse (MF) S0S. The two filter banks 502 and 505 share the same physical pa-
rameters Af, =A#, and Af; = Af,, and the HPR processing unit 504 simply lets through the unmodi-
fied lower subbands corresponding to the low bandwidth core signal. The high frequency content of
the cutput signal is obtained by feeding the higher subbands of the 64 band QMF synthesis bank 503
with the output bands from a multiple transposer unit 503, subject to specteal shaping and modifica-
tion performed by & HER processing unit 504, The multiple ransposer 503 takes as input the decoded
core signal and outputs a multitude of subband signals which represent the 64 QME band analysis of
a superposition or combination of several transposed signal coreponents. The objective is that if the
HER processing is bypassed, each component coresponds to an integer physical transposition with-

ot time streteh of the core signal (sz =2.3,.,.,, and SW =1} Iuthe inventive scenario, the trausposer

conteol signal 104 contaies data describing a fundamental frequency. This data can either be transmit~
ted via the bitstream from the comesponding andio encader, deduced by plich detection in the decod-
er, or obtained from a combination of transmiticd and detected information.

Fig, 6 illusirates an example scenario for the operation of a multiple order subband block
based transposition applying a single 64 band QMF analysis filter bank. Here three transposition or-

ders @, =2,3,4 are to be produced and delivered in the domain of a 64 band QMF

operating at output sampling rate 2f5 . The merge anit 603 simply selects and combines the
relevant subbands from each transposition factor branch into a single mukltitude of QMF subbands
be fed into the HFR processing unit. The objective is specifically that the processing chain of a 64
band QMF analysis 601, a subband processing unit 802-,, and a 64 band QMF synthesis 505 re-
sults in a physical transposition of 2, with §, =1(i.e. no streteh). Identifying these three blocks with
101, 102 and 103 of Fig. |, one finds that Ar, =64 frand Af, = /57128 so Ay /A1, =1/2 and

sign of specifie configuration parameters for 602- &, will be described sepa-

rately for each case ¢, =2,3,4, For all cases, the analysis stride is chosen to be hi=1, and it is as-

umed that the normalized fundamental frequency parameter p=Q,/&f, =1280,/ f is known.
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Consider first the case @ =2 . Then 602-2 has to perforr 2 subband stretch of §= 2, asub-
band transposition of =1 {i.¢. none) and the correspondence between source n and target subbands
m is given by a=m for the divect subband processing, In the inventive scenacio of cross product
addition, there is only one type of cross product (o consider, namely r =1 {(see above, after eguation

§ {135}, and the squations (20) reduce to I =7, =1 and 53 + D, =1. An exemplary solution consists of
choosing £, =0 and 0, =1. For the direct processing synthesis window, a rectangular window of
even length L=10 with 8 =R, =5 may be used as it satisfies the condition (10). For the cross pro-
cessing synthesis window, a short £.=2 tap window can be used, with 8, = &, =1, in order to keep
the additional complexity of the cross products addition to a minimum. After all, the beneficial effect

10 of using a long block for the subband processing is most notable i the case of complex audio signals,
where unwantsd intermodulation terms are suppressed; for the case of a dominant piteh, such artifacts
are less probable to ccour. The L =2 tap window is the shortest one that can satisfy (1) since £ =1
and § =2 . By the present invention, however, the window advantageously satisfies (21}, For the
pararneters at hand, this amounts to

{ (-1 = W0}
15 wi(y) = wiviexp(iav},» .
w=xTpll J

which is fuifilled by choosing wi{} =1 and w{—1) = exp{ix) =exp{ip/2).

For the case 2, = 3 the specifications for 602-3 given by (1)-(3} are that it has to perform a
subband streich of $ =2, a subband transposition of ¢ =3/2 and that the correspondence between
source » and target m subbands for the divect terra processiag is given by n=2m/ 3. There are two

20 iypes of cross product terms » =12, and the equations (20) reducs to
T3 L
T, =y .
B0 + D, =34 2‘]

An exemplary solution consists of choosing the downsampling parameters as

® D o=0and 3, =3/2 for r=1;
® B=32and D, =0 for r=2.
25 For the direct processing synthesis window, a rectangular window of even length L =8 with

& =R, =4 may be used. For the cross processing synthesis window, a short L =2 tap window can

=1, and satisfying
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|51 = 90

\‘ wv)=wiiyexpliav), ¢
| 3 |
P }-(ilmi)i)%

which is fulfilled by choosing w(0y=1 and w(-D=explia}.
For the case {J, =4, the specifications for 602-4 given by (1)-(3} are that it hasto perfon a
subband stretch of § =2, a subband transposition of @ =2 and that the correspondence between

source nand target subbands m for the direct term processing is given is by # = 2m . There ace three

5
types of crogs product terms r=12,3, and the equations (20) reduce to
[Twder
i, =r
- rD e, =2
An exemplary solution consists of choosing
® O o=0and 2, =2 for r=1;
{0 ® Do=0and 1, =1 for r=12;
¢ 8 =2md D, =0 for r=3;
For the direct processing synthesic window, a rectangular window of even length L =0 with
R, =R, =3 may be used. For the cross processing synthesis window, a short L =2 tap window can be
used, with R, = &8, =1, and satisfying
15 L
)
i
which is fulfilled by choosing w{)=1 and w{-1}=exp(ia}.
in each of the above cases where more than one r value is applicable, a selection will take
place, e.g., similarly to the three-siep procedure described before equation (17).
Fig, 7 depicts the ampliude spectrum of a harmonic signal with fundameatal frequency
20 3 =564.7 Ha. The low frequency part 701 of the signal 1s to beused as input for & roudtiple trans-
poser. The purpose of the transposer {s 16 generate a signal as close as posgible to the high frequency
part 702 of the input signal, so that transmission of the high-frequency part 702 becomes non-
imperative and available bit rate can be used econcomically.
I g PICES £ - spectrum of outputs
258 quency part 701 of the signal of Fig 7 as tnput. The muliiple transposer is constructed by Gsing 64

band QMF filter banks, inpus sanpling frequency fv = 14400 Hz , and in accordance with the descrip-
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tion of Fig. 5. For clarity however, only the two transposition orders (J, =2,3 are considered. The

three different panels 801803 represent the final output obtained by using different settings of the
cross processing control data,

The top panel 801 depicts the cutput spectrum obtained if all cross product processing is cane
celed and only the direct subband processing 401 is active. This will be the case if the cross pro-

cessing control 404 receives no pitch or p =0, Traasposition by @, = 2 gencrates the ouiput in the
range frorn 4 to 8 kHz and transposition by 2, =3 generates the output in the range from 8 to 12

kHz. As it can be seen, the oreated partials are increasingly far apart and the output deviates signifi-
cantly from the target high frequency signal 702, Andible double and triple “ghaost” pitch artifacts will
be present in the resulting audic ouiput.

The middle panel 802 depiots the cutput spectrum obtained if cross product processing is ac-
tive, the pitch parameter p =3 is used (which is an approximation to 1288/f% = 5.0196), but a sim-
ple two tap synthesis window with w{{} = w{~1) =1, satisfying condition {10}, is used for the cross
subband processing. This amounts 1o a straightforward combination of subband block based pro-
cessing and cross-product enhanced hanmonic transposition. As it can be seen, the additional output
signal components corapared to 801 do not align well with the desired harmonic series. This shows
that it leads to insufficient audio guality to usc the procedure inherited from the design of divect sub-
band processing for the cross product processing.

The botton: pancl 803 depicts the outpnt spectrum obtained from the same scenario as for the
middle panel 802, but now with the cross subband processing synthesis windows given by the forrme-
tas describied inthe cases @, = 2,3 of Fig. 5. That {s, a two tap window of the form w(0}=1 and
w1} =exp(ie) satisfying (21) and with the feature taught by the present invention that it depends
on the value of p. As it can be seen, the cornbined cutput signal aligns very well with the desired
harmonic series of 702,

Fig. 9 shows a portion of the non-linear processing frame processiag vait 202 including see-
tions configured to receive two inpat samples i, i and to generate based on these a processed sam-
ple w, whose magnitude is given by a geometric mean of the magnitudes of the iaput samples and

i

whose phase is 8 linear combination of the phases of the input samples, that is,

J o] = | . €22)

l\argw =T argu, + 71, argu,

Jtis possible to obtain the processed sample w according to this specification by pre-

nonnalizing each-of-the input saroples.gi44-at-arespective pre-nonmalizer. 801, 802 and multiplying ...
g dE UG

8 . - .
uﬂ al o weighted multiplier 810, which

N . i1
the pre-normatized input saraples v, = &, /Iul‘ LV, =i,

outputs w =1 vg‘ . Clearly, the operation of the pre-normalizers 901, 992 and the weighted multiplier
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918 is deterrnined by loput parameters &, &, o and §. It is easy to verify that equations (22) will be
fuififfed f 0 =T,,p=T,,a=1-p/T,b=1~ {:1 p)f’i‘z. The skilled person will readily be able to
generalize this layoot to an arbitrary number A of input samples, wherein 2 multiplier is supplied
with Ny input samples, of which some or alf have undergone pre-norraalization. One observes, then,
that a common pre-normalization {¢ = b, implying that the pre-nommalizers 901, 902 produce ideni-
cal resulis) is possible if the parameter pis set to p= 31/ (T, + T«) This resudts in a coraputational
advantage when many subbands are considered, since a common pre-normalization step can be ef-
fected on all candidate subbands prior to the multiplication. In an advantageous hardware implemen-
tation, a plurality of identically functioning pre-normalizers is replaced by a single unit which alter-
nates between samples from different subbands in a time-division fashion.

Further embodiments of the present invention will become apparent to 3 person skilled in the
art afier reading the description above. Even though the present description and drawings disclose
ernbodiments and examples, the invention is not restricted to these specific examples. Numerous
modifications and vadations can be made without departing from the scope of the present invention,
which is defined by the accompanying claims,

The systems and methods disclosed bereinabove may be implemented as sofiware, fiomware,
hardware or a comabination thereof. Certain components or all components ragy be lmplemented as
software executed by a digital signal processor of niicroprocessor, of be implemented as hardware or
as an application-specific integrated ciecuit. Such software may be distributed on computer readable
media, which may comprise computer slorage media {or non-transitory media) and communication
media {or transitory media}. As is well known to a person skilled in the art, computer storage media
inciudes both volatile and nonvolatile, removable and nop-removable media iroplernernted in any
raethod or technology for storage of information such as computer readable insiructions, data steue-
tuees, program meodules or other data. Computer storage media includes, but is not Himited to, RAM,
ROM, EEPROM, flash memory or other memory technology, CD-ROM, digital versatile disks
(W) or other optical disk storage, magnetic casseties, magnetic tape, magnetic disk storage or other
magnetic storage devices, or any other mediurn which can be used to store the desired information
and which can be accessed By a computer. Further, it is well knows to the skilled person that commu-
nication media typically embodies computer readable instructions, data struciures, program modules
or other datz in a moduiated data signal such as a carrier wave or other transport mecharism and in-

chudes any information delivery media.
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CLAIMS

1. A system configured to generate a time stretched andfor frequency transposed signal
from an input signal, the system comprising:

an analysis filier bank (101} configured to derive a number ¥'> 1 of analfysis snbband

5 signals from the input signal, whereln cach analysis subband signal comprises a plurality of coraplex-
vaiued analysis samples, each having a phase and a magnitude;

a subband processing unit {102} configured to generate a synthssis subband signal from
the ¥ analysis subband signals using a subband transposition factor ¢ and a subband stretch factor §,
at least one of @ and § being greater than one, wherein the subband processing umit (102} comprises:

10 a block exiractor (201) configured to:

i} form ¥ frames of L input samples, each frame being ex-
wracted from sald plurality of complex-valued analysis samples in an
analysis subband signal and the frame length being L > 1; and

i1} apply a block hop size of & saraples to said plorality of

15 analysis samples, prior to forming a subseguent frame of L input sam-
ples, thereby generating a sequence of frames of input saraples;
a nonlinear frame progessing unit {202) configured to generate, on the
basis of ¥ corresponding frames of nput samples formed by the block extractor, a
frame of processed samples by determindng 2 phase and magnitude for cach processed
20 samiple of the frame, wherein, for at least one processed saxaple:

1} the phase of the processed sample is based on the re-
spective phases of the corresponding input sample insach of the ¥
frames of input saroples; and

ity the magritude of the processed sample is based on the

25 magnitude of the corresponding inpot sample in each of the ¥ frames of
input sampies;
and
an overlap and add unit (204) configured 1o deteruine the synthesis sub-
band signal by overlapping and adding the samples of a sequence of frames of pro-
3G cessed saraples;

and

whereln the system is operable at least for V=2,
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2. The system of claim §, wherein
the analysis filter bank (101} is ove of a quadrature mirror filter baok, 2 windowed dis-
¢reie Fourer transform or a wavelet transform; and

the synthesis filter bank (103) is a corresponding inverse filter bank or transform.

3. The system of claim 2, wherein the analysis filter bank (101} is a 64-point guadrature
mirror filier bank and the synthesis filter bank (103} 1s an inverse 64-point quadrature mirror filter

bank,

I3 4 The system of any one of the preceding claims, wherein:
the analysis filier bank {101} applies an analysis tiree stride Af, to the input signal;
the analysis filier bank has an anafysis frequency spaciog &fF
the analysis filter bank has a number & of analyeis suhbands, with & >, where # is
an analysis subband index with =8, N ~1;
is an anafvsis subband of the ¥ analysis subbands is asscciated with a frequency band of
the input signal;
the synthesis filter bank (103) applies a synthesis thme stride Af, to the synthesis sub-
band signal;
the synthesis filter bank has 2 synthesis frequency spacing Af;
280 the synthesis filter baok has a number 8 of synthesis subbands, with 8 > |, where
# 1s a syathesis subband index with m = 0,..., M —1; and
a syathesis subband of the M synthesis subbands s associated with a frequency band of

the time stretched andfor frequency transposed signal.
o

25 The system of claim 4, wherein the subband processing unit {102} is confignred for

J

¥ = 2 and further comprises a cross processing control unit (404) configored o generate cross pro-
cessing corirol data (403) defining subband indices ny, 71 associated with the analysis subband signals
in such manner that (ke subband indices differ by an integer p approximating the ratio of a fundaraen-

tal frequency i of the input signal and the analysis frequency spacing Af, .
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. The system of claim 4, whereln the subband processing unit (102} is configured for

Y =2 and further comprises & cross processing control uxit {404} confipured (o penerate cross pro-
cessing control data (403) defining subband indices n,, n2 associated with the analysis subband signals
and the synthesis subband index », which subband indices are related by being approximate integer

5 solutions of

where 2 is a fundamental frequency of the input signal,

os=Gor /2,

o Aty 0. . sad
= ) A
Ar, 7%
10 ris an integer satisfying 1 <r <@, - L.
7. The systemt of claim 6, whereio the cross processing contro! unit (404) is configured to

generate processing control data such that the subband tndices s, r, are based on a value of » which
maximizes the minimum of the subband magnitudes of the two frames formed by estracting analysis

1S samples from analysis subband signals.

8. The system of claim 7, wherein the subband magnitude of each frame of L input sam-

{cs is the magnitude of a central or near-ceniral saraple.
£ P

26 9. The system of any one of the preceding clairas, wherein the block extractor (201} i3
configured to derive at least one frame of input saraples by downsampling the complex-vajued analy-

sis saraples 1o an analysis subband signal.

14, The system of claim 9 configured for V= 2, wherein the block extractor is configured
25 toderive a first and second frame of input samples by downsampling the complex-vatued analysis
samples in a first and second analysis subband signal, respectively, by downsampling factors D) and

{Q@=10+1,0,} .
150 _'T . band either 2,20, B> Qor Iy >0, Dy > 0,
(RS =y T A, ;

3; satisfying

and wherein the nonlinear frame processing unit {202} is configured to determine the

phase of the processed saxuple based on a linear combination, with non-negative integer coefficients
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Ty, Ty, of respective phases of the corresponding input sarnple in a first and second frame of input

samples.

1t The sysiem of any one of the preceding claims, whersin the subband processing uuit
$ {(102) further comprises 2 windowing unit (203) upstrenm of the overlap and add unit (204} and con-

figured to apply a finite-length window function to the frame of processed samples,

12, The systern of claim 11, whereln the window function has a lengih which correspoads
to the frame lenpth L and the window function is one of &
1G Gaussian window,
cosine window,
raised cosine window,
Hamming window,

Hann window,

pevy
Ty

rectatpular window,
Bartlett window, and
Bleckman window.

felatm 1, whersi Tadow Pancion comprises s pluralily of windkee

2@ Ssanpleyy dowindow senples of a plabity of wiadow fororions,

when xmighte& Ty complacowelphie aid shiffed with o hop sixeop $f T subsantisfin consiie

ERREHSGS

4 e sontenyof elainy 13, wheesin consdoitive complax welghts dither oaly by sl
2% phass roistion

i Thndoenad

The systenpof vladiy Bl shiersin fhie phase rotadon s progonion

froqueney of fhe inprt sigeals

ity
e avsidmobany-oneol tha presed SR R R BN e
3

18, The system of claim 17, operable for at feast one further value Y2 3,
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19, The systern of any one of the preceding claims configured for V= 2, wherein the frame
processing unit (202} is configured to determine the magsitude of the processed sample as a mean
value of the magnitude of the corresponding inpot saraple in a first frame of input samples and the

magnitude of the corvesponding input sample in a second frame of input samples.

240, The systemn of claim 19, wherein the nsonlinear frame processing unit (202} s config-
L 7

ured to determine the magnitude of the processed saraple ag 3 weighted peometric mean value.

2L The sysiem of claim 20, wherein the peometric magniiude weighting parameters axe p

10 and - p, where pis a real number inversely proportional to the subband transposition factor .

22, The system of any one of the preceding claims configured for V= 2, wherein the non-
linear frame processing unit (202) is configured to determine the phase of the processed sample based
on a linear combination, with non-negative integer coefficients {¥, T3), of respective phases of the

1§ corresponding laput sample in & first and second frame of input samples.

23. The systera of claim 22, wherein the sum of said integer coefficients is the product

¢ x § of the stretch factor and the transposition factor.,

20 24, The systemn of claim 22, wherein the phase of the processed saxople corresponds to said

Hinear corabination of phases plus a phase correction parameter 8.

[

5. The system of any one of the preceding claims, wherein the block extractor (201} is

configured to interpolate two or more analysis samples to derive an input sample.

2
A

26. The system of any one of the preceding claims, further comprising a contro! data recep-
tion unit configured to receive control data (104), whereln the subband processing unit (102) is con-

figured to detormine the synthesis subband signal by taking into aceonnt the control data.

3 27 The system of claim 26 configured for ¥ = 2, said control data (104) including a fun-
damental freguency {4 of the input signal, wherein the subband processing unit {102} is configured o
determine the analysis subbands, from which the processed samples are to be derived, in such manner

that their frequency spacing is proportional to the fundarcental frequency.

35 28 The system of any one of the preceding claims, wherein the non-linear processing unit

{102} comprises:
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a pre-normalizer (801, 802) configured to rescale the magnitudes of the corresponding

input sarples in at least one of the ¥ frames of input samples (v, =g, fu i ¥ and

m i

a complex multiplier (910} configured to determine the processed sample by computing

4 N\
a weighted cornplex product ] § E # E E v | of faciors equal to the corresponding input sample in at

\onelN me M

least two of the ¥ frames of input samples, at least one of the factors (v, me M # 0 ) belng derived

m?

from a sample with a magnitude rescaled by the pre-normalizer.

28, The system of any one of the preceding claims configured for ¥= 2, comprising:

ag analysis filier bank (101) configured to derive a first and a4 second analysis subband
signal from the input signal;

a subband processing enit (102) configured to determine a syuthesis subband signal
from the first and second analysis subband signals, wherein the subband processing unit (102) com-
piises:

a first block extractor (301-1} configured to:

i3 form a first frame of L input saoples from said plurali-
ty of complex-valued analysis samples in the fiest analysis subband sig-
nal, the frame leagth being £ > 1; and

ii} apply a block hop size of i samples to said phurality of
analysis samples, prior to forming a subsequent frame of L input sam-
ples, thereby generating a first sequence of fraroes of input sanples;

a second block exiractor (301-2} configured to:

i} form a second fraree of £ input samples from said plu-
rality of complex-valued analysis samples in the second analysis sub-
band signal; and

i1y apply the block hop size of /1 samples to said plurality
of analysis samples, prior o forming a subsequent frame of L input sam-

ples, thereby generating a second sequence of frames of input samples;

basis of the first and second frames of input saraples, a frame of processed samples;
and

an overlap and add unit (204) configared to forra the synthesis subband
and

a synthesis filter bank (103) configured to generate the time stretched andior frequency

transposed signal from the synthesis subband sigaal.
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36, The system of any one of the preceding claims, further comprising:

a phurality of subband processing unite (401, 402; 503; 602-2, 602-3, 602-4), each con-
figured to determiine an intermediate synthesis subband signal using a different value of the subband
transposition factor 3 andfor of the subband stretch factor §; and

a merging unit (405; 603) arranged downstream of said plurality of subband processing
units and upsiream of the synthesis filter bank (103) configured to merge corresponding intermediate

synthesis subband signals in order to determine the synihesis subband signal.

3L The system of claim 30, further comprising:

a core decoder (301) arranged upstream of the analysis fter bank (161} configured to
decode a bit stream into the input signal; and

an high-frequency reconsteuction, HPR, processing unit (304} arranged downstream of
the merging unit (405; 603) and upstream of the synthesis filter bank (103; 583) configured to apply
spectral band information derived from the bit stream to the synthesis subband signal, such as by per-

forming spectral shapiug of the synthesis subband signal.

32. The system of claim 30, wherein at least one of the subband processing units is a direct
subband processing unit (401}, which is configured to determine one synthesis subband signal from
one analysis subband signal using a subband transposition factor  and a subband siretch factor S, and
at least one is 2 cross subband processing umit {402}, which is configured to deterniine one synthesis
subband signal from two analysis subband signals using a subband transposition factor $ and a sub-

band stretch factor §, which are independent of the first two factors.

L4
La

The system of claim 32 configured for V= 2, wherein:

the analysis filter bank {101) applies an analysis tirne stride A7, {o the input signal;
the analysis filter bank has an anadysis frequency spaciag AF

the analysis filter bank has a number N of analysis subbands, with & >1, where 1 s
an analysis subband index with 7 = {,..., N —~1;an analysis subband of the N analysis subbands is
associated with & frequency band of the input signal;

the synthesis filter bank (103) applies 2 synthesds tirne stelde Afy to the synthesis subband signal;
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the synthesis filter bank has a synthesis frequency spacing &f;

the synthesis filter bank has a number M of synthesis subbands, with 8 > 1, where
7t is a synthesis subband index with m={,.., M ~1; and
a synthesis subband of the M synthesis subbands {s asscciated with a frequency band of the time
stretched and/or frequency transposed signal,

said system being confignred to deactivate at least one cross subband processing unit
{402) if, for a given synthesis subband, one of the following conditions is satisfied:

a) the ratio of the magnitude M of the direct source term analysis subband yielding the
synthesis subband and the least magnitude M In an optimal pair of cross source terms yielding the
synthesis subband is greater than a predetermined constant g;

b} the synthesis subband has a significant contribution {from a direct processing uniy;

¢} a fundamental frequency £y is smaller than the analysis filier bank spacing &

34. The system of any one of the preceding claims, wherein:

the analysis filter bank (101} is configured o form ¥ x & analysis subband signals from
the input signal;

the subband procegsing unit {102} is configured to generate & synthesis subband signals
from the ¥ x Z analysis subband signals, applying a pair of § and @ values for each group of ¥ analy-
sis subband signals on which one synthesis subband signal is based; and

the synthesis filier bank (103) is configured to generate & time stretched andfor fre-

quency transposed signals from the £ synthesis subband signals.

35, A method for generating a time siretched andfor frequency transposed signal from an
1aput signal, the method comprising:

deriving a number ¥ > 2 of analysis subband signals from the inpot sigaal, wherein
gach analysis subband signal comprises a plurality of complex-valued analysis samples, each having a
phase and a magnitude;

forming Y frames of . inpus samiples, each frame being exiracted from said plurality of
coraplex-valued analysis samples in an analysis subband signal and the frame length being L> 1

appiving a block ho of # samples to said plurality of analysis saraples, priorto
deriving a subsequent frame of L input samples, thereby generating a sequence of frames of input

samples;

bemmtmg, on the bagisof ¥ mrrc%psndmo frames of input saruples, a frame of pro-

wherein, for at least one processed sample:
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i) the phase of the processed sample is based on the respective phases of
the corresponding input sample in each of the ¥ frames of input samples; an
it} the magnitude of the processed sample is based on the magnitude of
the correspoending input sample in each of the ¥ {rames of input samples;
5 determining the synthesis subband signal by overlapping and adding the samples of a
sequence of frames of processed samples; and
generating the time stretched and/or frequency transposed signal from the synthesis

subband signal.

16 36 The method of claim 38, wherein a frame of processed samples is based on Y= 2 corre-
sponding frames of input samples, which are formed by extracting samples from two analysis subband
signals representing frequencies that differ approxinately by a fundarnental frequency £ of the input

signal.

i5 37, The method of claira 35 or 36, wherein:

a frame of processed samples is based oo ¥ = 2 corresponding frames of input samgples,
which are formed by extracting samples from two analysis subband signals approximately represent-
ing frequencies €8 and £ + £ and

the synthesis subband signal approximately represents a frequency @, + r{l;, where ris

20 aninteper satisfying § <r <@~ land @ = %Qw’ where Asy and Afys are analysis and synthesis
t A

time strides, respectively.

38. The method of claim 37, wherein the frequency {2 {s selected in order to maximize the

smaller of the subband maguitudes of the two frames of input samples extracted from analysis sub-

25 band signals representing frequencies £ and £+ .
39, The method of claim 38, wherein the subband magnitude of a frame of input samples is
the magoitude of a central or near-central sample.
30 40 The method of any one of claims 35 to 39, wherein said forming frames of input sam-
ples includes downsampling complex-valued analysis samples in an analysis subband signal.
a frame of processed samples is based o8 ¥ = 2 corresponding frames of input samples;
35 a first frame of input samples (s extracted fom samples in a first analysis subband sig-

nal while applying a downsampling factor 3
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a second frame of input samples is extracied from sampies in a second analysis sub-
band signal while applying a downsampling factor Dy,
_ . je=TD 1D, : .
the downsanpling factors satisfy < ° candeithet D20, Th>0or Th >0,
1Sg=7+1, |

Dz > Q; and

[0

the phase of the processed sample is based on 4 Hnear combination, with non-negative
mtteger coefficients T, T3, of respective phases of the corresponding 1nput sample in a first and second

frame of input samples,

42, The method of any one of claims 35 1o 41, wherein said determining the synthesis sub-
10 band signal further comprises applying a finite-length window function to each frame in the sequence

of frarnes of processed samples prior to overlapping and adding them.

43, The method of clain 42, wherein the window function has a length which comesponds
to the frame length £ and the window function is one of a:
i3 Gaussian window,
cosine window,
raised cosine window,
Hamming window,
Haun window,
20 rectangular window,
Bartlett window, and

Blackman window.

44, The method of claim 42, wherein the window fonction comprises a plurality of window
25 samples, andd wherein overlapped and added window saraples of a plurality of window fuactions,
when weighted by complex weights and shifted with a hop size of Sk, form a substantially constant

gequence,

43, The method of claim 44, wherein consecutive complex weights differ only by a fixed

30 phase rotation.

48, The method of claim 45, wherein the phase rotation is proportional to a fundamental
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47, The method of any one of claima 35 to 46, wherein said deterrining the synthesis sub-

band signal includes overlapping cousecutive frames of processed samples by applying & hop size
g & 3 &

equal to the block hop size 2 times the subband swreteh factor §.

48, The method of any one of claims 35 o 47, wherein:

a frame of processed samples is based on Y= 2 corresponding frames of input samples;
and

the magnitude of the processed sample is deteroined as a mean value of the magnitude
of the corresponding input sample in a first frame of input saroples and the magnitude of the corre-

spoading ioput sareple 1o a second frame of input samples.

48, The method of claim 48, wherein sald mean value of magnitudes is @ weighted geomet-

ric mean value.

w4

Q. The method of claim 44, wherein geometric magniiude weighting parameters are p and

i — p, where p is a real number inversely proportional to the subband transposition factor @,

51, The method of any one of clalms 35 o 50, wherein:

a frame of processed samples is based o8 ¥'= 2 corresponding frames of input samples;
and

wherein the phase of the processed sample 18 determined as a inear combination, with
non-negative integer coefficients (T, T3). of respective phases of the correspondiog input sample ina

fiest and second frame of input samples.

52. The methed of olaim §1, wherein the sum of said non-negative integer coefficienis s

the product @ x S of the stretch factor and the transposition factor,

§3. The method of claim 51, wherein the phase of the processed sample comresponds to said

linear combination plus a phase correction parameter 8.

54, The method of any one of clalms 35 to 53, wherein at least one input sample is derived

by interpolating two or more analysis saraples.

s The method-of any-one-of clalme 35 1084, furiher comprising roceiving control data 10
be taken into account in saild generating a frarue of processed samples,

56. The method of claim 35, wherein:

D10073W 001
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2 frame of processed samples is based on ¥ = 2 corresponding frames of input samples;
said control data include a fundamental frequency £ of the input signal; and
the two analysis subbands, from which the input samples in each frame are extracied,

represent frequencies differing by the fundamenta] frequency.

57. The method of any one of claims 35 o 56, wherein said generating a frame of pro-
cessed samples comprises:

rescaling & magnitude of at Jeast one input sample; and

7 ~
: oaand o a aq 9 wel o - T Vo | off
computing a processed sample as a weighted complex product U g i, é E v o
ned we b S

factors equal to the corresponding input sample in a t least two of the ¥ frames of input samples,
. B N s . .
wherein at Jeast one of the factors (v, =u, fu, ", me M % D} is an input sample with « rescaled

roagniiude,

S8, The method of any one of claims 35 to 57, comprising generating a plurality of inter-
mediate synthesis subband signals, wherein each is generated on the basis of & phaeality of comespond-
ing frames of input samples and using & different value of the subband transposition factor @ andéor of
the subband stretch factor S,

wherein said determining the synthesis subband signal includes merging comresponding

intermediate synthesis subband signals,

59. The method of claim $8, further comprising:

decoding a bit streant to abtain the input signal, from which the apalysic subband sig-
nals are to be derived; and

applying spectral band information derived from the bit stream to the synthesis subband

signal, such as by performing spectral shaping of the synthesis subband signal.

59, The method of claim 58, wherein at least one of the intermediate synthesis subband
signals is generated by direct subband processiag, on the basis of one analysis subband signal and
using a subband transposition factor £ and a subband streteh factor S, and at least one of the interme-
diate synthesis subband signals {s generated by cross-product processing, on the basts of two analysis

subband signals using a subband transposition factor ¢ and a subband siretch factor S, which factors
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al. The method of claim 60, wherein said generating an intermediate synthesis subband
signal by cross-product processing is suspended responsive o one of the following conditions being
satigfied:
a) the ratio of the magnitude My of the direct source term analysis subband yielding the
5  synthesis subband and the least magnitude 8f¢ In an optimal pair of cross source terms yielding the
synthesis subband is greater than a predetermined constant ¢;
b} the synthesis subband has a significant coniribution frora a divect processing vnif

¢} a fundamental frequency £ is smaller than the analysis filter bank spacing 4fa.

i 62 The method of any one of claims 35 to 61, wherein:
¥'x Z analysis subband signals are derived;
¥x Fframes of input samples are forroed;
Y x Z corresponding frames of input saraples are used o generate Z frames of pro-
cessed samples;
13 Z synthesis subband signals are determined; and

Z time stretched andfor fregquency transposed signals are gencrated.
a3, A data carrier storing computer-readable nstractions for performing the method set

forh in any one of claims 35 to 62,
pit]
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