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CROSS PRODUCT ENHANCED SUBBAND BLOCK BASED HARMONIC TRANS-
POSITION

TECHNICAL FIELD

The present invention relates to atdio soutce coding systerns which make use of 4 harmonic
transposition method for high-frequency reconstruction {(HFR), to digital effect processors, such as
exciters which generate haomonic distortion to-add brightness to a processed sigoal, and to time
stretchers which prolosg asignal desstion with roaintained spectral content.

BACKGROUND OF THE INVENTION

In WOU8/37436 the conceptof transposition was established as amethod to recreate a high
frequency band from a lower frequency band of an audin signal. A substantial saving in bitrate can be
obtained’by using this concept in andio coding. In an HFR based audic coding system, a2 lowband-
width signal is pregented 1o a core waveform coder and the higher frequencies are regenarated 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 a high band with perceptually pleasant characteristics. The harmon-
ic transposition defined in WOUR/57438 performs very well forcomples musical siaterial ina situa-
tion with low cross ever frequency. The principle of a harmonic transposition is that 3 sinusoid with

frequency & is raapped to a sinusoid with frequency ¢ @ where (0, >1 s an integer defining the

order of the transposition. Tn conteast to this, a single sideband modulation (SSB) based HFR ruaps a
sinusoid with frequency & to a sinusoid with frequency @+ Aw where A@is a fixed frequency
shift. Given a core signal with low bandwidth, a dissonant ringing artifact will result from the 588
transposition,

In order to reach the best possible audio quality, state of the art high quality harmonic HFR
saethods employ complex modulated filter banks with very fine frequeney resolution and a high de-
gree of oversarnpling to reach the required audio guality, The fine resohution is necessary to avoid
dnwanted 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 i each
subband. Ahighdegreeof oversampling in time'ds necessary to avoid alias type distortion, and a cer-
tain degree of aversamplng in frequency is necessary to avoid pre-echoes for transient signals, The
obvious drawback is that'the computational complexity becomes very high.

Another comrmon drawback associated with harmonic transposers becomes apparent for sig-
nals with a prominent periodic structure. Such sigals are ¢iperimpositions of harmonically related

, 243,383 where £2 ig the fundamentd] frequency, Upon harmonic

transposition of order {3, the output sinuscids have frequencies Q8020 3,32 £, which, in cage

of 3, > 1, is only a strict subset of the desired full harmonic series. In terma of resulting audio quality
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a “ghost” pitch corresponding to the transposed fundamental frequency @8 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 s incorporated herein by reference, the method of cross products

Ln

was developed 16 address the above ghost piteh probler o thecaseof high guality transposition. Giv-
gn partial or transmitted full information o'the fundamental frequenicy value of the donginating har-
monic pari of the signal o be transposed with higher fidelity, the nonlinear subband modifications are
supplemented with nonlinear combinations of at least two different analysis subbands, where the dis-
tanges between the analvsis subband indices are related o the fundamental freguency. The result is to
10 regenerate the missing partials in the transposed ouiput, which bowever happens at a considerable
computational cost.
SUMMARY OF THE INVENTION

In view ol the above shoricomings of.available HFR methods, itis an object.of the pressnt {n-
vention to provide a more efficient implementation of cross-product enhanced HFR. In particular, it is
an object to'provide such 3 method enabling a high-fidelity audio reproduction at a reduced computa,
tional effort compared fo available techmgues.

The present invention achieves at least one of these-objects by providing devices and methods
a¢ set forth in the independentclaims.

In a firstaspedt, the nvention provides a Systers configured 1o generate a fime siretched
28 andfor frequency transposedscgnal fromeaninput signal. The system - comprises:

® an analysis filterbank configured o derive anumber ¥ ofanalysis sub-
band signals from the Input signal, wherein each analysis subband signal comprises a plurality

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

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

hand stretch factor 8, at least one of @ and S being greater than one, wherein the subband pro-

o ablock extractor configured to:
L i} form Yirames of L input samples, each farme being ext
30 tracted froxnsaid plurality of complex-valued analysis samplesin ananalysis
subband signal and the frame length heing L> 1y and
® ity apply a block hop size of & samples to said plurality of

analysis sampiles, prior to forming a subsequent frame of Leinput samples,

TR

thereby generating a sequence of frarmes of input s

L
LA

¢ anonlinear frame processing unit configured w generaie, on the basisiof

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 Isast one processed sample:
= 1) the phase of the processed sampleis based on the re-

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

n

inputsamples; and
® 1) the magnitudeof the processed sampie is based on the
magnpitude of the corresponding input satuple in cach of the ¥ frames of 1nput
samples; and
o an overlap and add unit configured to determiing the synthesis subband
10 signal by overlapping and adding the samples of & sequence of frames of processed
sanaples; and

® a synthesisfilter bankconfigured fo gencrate the time stretched and/or

frequency transposed signal from the synthesis subband signal.
The systemanay be operable for any positive integer valueof ¥, However, itis operable at
15 leastfor ¥=2,
Iny 2 second aspect the invention provides method for generating a tirng-stretched andfor fre-
quency-transposed signal from an input signal. The method comprises:

® deriving a number Y2 2 of analysis subband siguals from the fnput sig-

nal, wherein sach analysis subband signal comprises a plurality of compiex-valued analysis
20 samples, each having a phase-and a magritude;

e forming ¥ frames of Linput samples, each {rame being extracted from
said phirality of complex-valued analysis samples in an analysis subband signal and the frame
length being £ 1;

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

25 ples, prior to deriving asubsequent franie of L input samples, therfeby generating a sequence
of frames of input samples;

& generating, on the basis of ¥ comresponding frames of inputsamples; a
frame of processed samples by determining 4 phase and a magnitide for gach processed sam-
ple of the frame, wherein, for at {east one-processed sample:

3G o  the phase of the processed sample is based on the tespective phases of
thecorresponding input sample in.at feast one of the ¥ frames of input samples; and

o the magnitude.of theprogessed sample is-based on the roagnitude of the

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

7%
(%54

samples of 4 sequenceiof frames of processed samples; and



WO 2012/034890

10

38

® generating the time stretched andfor frequency transposed signal from
the synthesis subband signal.

Here, ¥ is anarbitrary integer greater than one. The system according to the first aspsect 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) storinig software instructions forcausing a programmmable computer
toexecute 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. fnter alia, this makes it possible to apply a frame-wise phase offset to the samples,
which has been found to reduce jnterrmodulation products in some situations. It isfurther possible to
apply amagnitide adjustment, which may lead to similaradvantageous effects. The inventive imple-
mentation of cross-product enhanced HER includes subband blogk based harmonic transpositon,
which may sigrificantly reduce intermodulation products. Hence, a filter bank with a coarser frequen-
cy resolution and/or 2 lower degree of oversampling (such as a QMF filter bank} can be used while
preserving a high cutpuiquality. Tnsubband block based processing, a time block of complex subband
santples is processed with a conumon phase modification, and the superposition of several modified
sarples to form an output subband saniple has the neteffect of suppressing intenmodulation products
which would otherwise occur when the input subband signal consists of several stousoids. Transposi-
tion based on block based subband processing has much lower somputational pomplexity than high-
resolution transposers dod reaches abmost the same quality for many signals.

For the purpose of this disclosure, it is noted that in embodiments where ¥ > 2, the non-linear
processing unit uses as input ¥ “corresponding” fraraes of mnplit samples in the sense that the frames
are synchronous or nédr synchronous. E.g., the saraples {n the respective frames may relate to time
intervals having a substanfial ime.overlap betweeri'the frames. The e “corresponding” is.alsg used
with respect to samples to indicate that these are synchronous or approximately so. Fuxther, thetenn
“frame” will be used interchangeably with “block”. Consequently, the “block hop size” may be equal
to the frame length (possibly adjosted 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 casc consecutive frames overlap in the sense that an input sarnple may belong tomore than one
frame. The systern does not necessarily generate every processed sample in & frame by determining its
phase and magnitude based on the phase and siagnitade of all Yootresponding fraxoes of input sam-

ples; withoit departing from the invention, the system may generate the phase and/or roagnitude of

soime. pracessed samples based oo a smaller number of corresponding inpul samples, o based on one.

input sample ondy.
in one embodiment, the analysis filter bank is a quadrature mirror filter (QME) bank or pseu-

do-QME bank with any number of taps aod points, It ragy for iostance be a 64-point QME bank. The
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analysis filter bank may further be chosen from the class of windowed discrete Fourier transforms or a
wavelet transforms. Advantageously, the synthesis-filter bank.matches the.analysis filter bank.by be-
ing, respectively, an inverse QMF bank, an inverse pseudo-GMF bank etc, It is 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 compo-
nents without necessarily suffering from a decreased output quality; heace such embodiments repre-
sent an economic advantage over the prior art.

In one embodiment; one or more of the following 1s trie of the analysis filter bank:

® an analysds time steide is Al
® an analysis froquency spacing is &F
s the anabysls filter bank locludes N > 1 analysis subbands indexed by an

analysis subband lndex n=0,..., N ~1;
4 4t analysis subband is-associated with a frequency band of the input sig-
nal.

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

® a synthesis time stride is Afg;
& a synthesis frequency spacingis Afs
® the synthesis filter baok fnchudes:84 > 1 synthesis subbands Indexed bya

syathesis subband index me= (.., 8 —1;

& a synthesis subband is assoctated with a frequency band of the time-
streiched andfor frequency-transposed signal.

{n ong-embodiment, the nonlinsar frame processing unitds adapted to input two frames (¥ =1}
in order o generaie one frame of processed samples, and the subband processing vait includes a cross
processing control unit for generating cross processing control data. By thereby specifying the quani-
tative andfor qualitative characteristics of the subband processing, the invention achieves flexibility
and adaptability. The control data may specifysubbands{e.g., identified-by indices) that differ in fre-
quency by a fundamental frequency of the input signal. In other words, the indices identifying the
subbands may differ by an integer dpproximating the o of such findarosntal frequency divided by
the analysis frequency spacing. This will lead to a psychoaccustically pleasing oulput, as the new
spectral coraponents generated by the harmonic ransposition will be-compatible with the seriesof
natural harmonics.

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

subband indices are chosen $0 a8 (o satt $
squation makes it applicable to both oddly and evenly stacked flter banks. When subband indices

obizined as-an-approximate {e.g.; least squares) solution to equation (16),the dew speciral component
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ohtained by harmonic transposition will be likely to be conpatible with the series of natural harmon-
ics: Hence, the HER will be likely to-provide a faithful reconstraction-of an origiaal signal which has
had its high-frequency content removed.

A further development of the preceding emabodiment provides a way of selecting parameter v

5 appeating in equation {15} and representing the order of the cross-product transposition. Given an

output subband index m, each value of the transposition order rwill determine two analysis subband
indices iy, 1, This furthér develépment adsessesthe magnitudes of the two subbands for a numberofy
options and selects that value which gives maximizes the minimum of the two analysis subband mag-
nitades. This way of selecting indices may avoid theneed to restore sufficient magnitude by avaplify-

10 ing weak componeits of the input sigaal, which may lead to pooroutputquality. In this connection,
the subband magnitudes may be computed in & ruEnner per se knowa, such s by the squaretoot of
squared input samples forming a frame (blocky or part of a frame. A subband magnitude may also be
computed as a magnilude of 2 central or near-central sample in a frawe. Such 2 computation may pro-
vide a simple ye&t adequate magnitude measure.

13 In a further development of the preceding embodiment, a synthesis subband may receive con-
tributions from harmonie transposition instances gecotding 16 both direct processing and cross-product
based processing. Tn this conneetion, decision criteria may be apphisdio detenmine whether a particu-
far possibility of regenerating a missing partial by cross-product based processiog is tH be used of not.
For instance, this further development may be adapted to refrain from using one cross subband pro-

20 cessing unitif one of the following conditions i fulfilied:

ay the ratio of the magninude M of the direct souree term analysis subband yielding the syn-
thesie sitbband and the least magnitude Me inan-optimal pair of cross source terme yielding the syn-
thesis subband is greater than a predetermined constant

bythe synthissls subband alréady receives asignificant contributionsfrom a direst processing

25 BYIEN

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

In one embodiment, the invention includes downsampling {decimation) of the input signal,
Indeed, one or more of the frames of input samples may be determined by downsampling the com-
plex-valued analysis samplesdn a subband, as may be-effected by the:block extractor.

34 T a further development of the preceding embodimént, the downsampling factors 1o be ap-
plisd sanefy squation {15y below. Not both downsampling factors ave allowed tobe zevo, asthis corre-
sponds to 2 ixivial case. Bguation (157 defines a reltionship betWeen the downsampling factors Dy, I
with thesubhand sitetch factor § and the subband transposition factor @, and further with phase coef-

ficients Ty, Fo.appearing in an expression (13} for determining the phase of a processed sample. This

[
N

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

nal, to which the processedssamples areto beadded.
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In one embodiment, the frames of processed samples are windowed before they are over-
lapped and added together. A windowing unit may be adapted to apply a finite-fength window func-
tion to frames of processed samples. Suitable window functions are eoumerated in the appended
claims.

The inventor has realized that cross-product methods of the type disclosed in
WO2O1H/08 1892 are not entirely compatible with subband biock based processing techniques from
the cutset. Although such a method may be satisfactonily applied to one of the subband samplesina
block, it might lead 1o aliasing artifacts if it were-extended o the straightforward manner to the other
samples of the block. To this end, one embodiment applies window functions comprising window
samples which add vp — when weighted by complex weights and shifted by a hop size ~ 1© a substan-
tially constant sequence. The hop size may be the product of the block hop size h and the subband
stretelfacior 8. 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 samples, differ only by a 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 propot-
onal 1o the orderof the cross-product transposition 16 be applied and/er to the physical transposition
parameter andfor 1o the difference of the downsampling factors andfor 1o the analysis time stride. The
phase rotation may be given by equation {21}, at least in an approximate sense.

In one embodiment, the present invention enables cross-product enhaxicsd harmonic transposi-
tion by modifying the synthesis windowingin response to a fundamental frequency parameter.

In one ernbodiment, successive frames of processed samples are added with a certain overlap.
To achieve the suitable overlap, the {rames of processed frames are suitably shifted by & hop size
which is the block hop size % upscaled by the-subband stretch factor S, Henee, if the overlap of con-
secutive frames ofinput samples is L — &, then the overlapof conseentive frames of processed saniples
may be S{L 43,

In one embodiment, the system according to the igventionds operableot vnly 1o generate.a
processed saraple on the basis of ¥'= 2 input samples, but also on the basis of ¥'= | sample only.
Herce, the system may regenerate missing partials not only by a cross-product based approach (such
as by equation {13)) but also by a ditect subband approach (such as by equation {5} or (11)). Prefera-
bly, 2 control unit is configured to-control the operation of the system, including which approach is to

be used to regenerate a particular missing partial,

ate a processed sample on the basis of more than three samples, i.e.,, for ¥> 3. Forinstance, a pro-
cessed sample may be obtained by muliiple instances of cross-product based harmonic transposition

may contribute to a processed sample, by ruuliiple instances of direct subband processing, orby a
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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. Consequently, this embodiment is opera-
ble to carry out the miethod according to the second aspect of the invention for ¥=3, 4, S etc.

One embodimert s confignred to determine a processed sample as a complex number having
2 magnitode which is & mean value of the respective magnitudes of corresponding input saraples. The
mean vahe may be a {weighted) arithmetic, (weighted) geometric or{weighted) harmonic mean of
two or more input samples. In the case ¥= 2, the mean is based on two complex input samples, Pref-
erably, the magnitude of the processed sample is a weighted geomstric value. Morg preferably, the
geometric value is weighted by parameters pand I ~p, as In equation {13). Here, the georaetrical
magnitude weighting parameter p'is a real number inversely proportional to the subband transpgsition
factor (3. The parameter p may further be inversely proportional tothe stretch factor 8,

In ofie embodiment, the systern is adapted o determine a processed.sample as a.complex
nuraher having @' phase which is 2 Hnear combination of respective phases of corresponding input
samples in the frames of input saniples. In particular, the linear corubination may coraprise phases
relating to two input samples {¥'= 2). The linear combination of two phases may apply luteger non-
zero coefficients, the sum of which is equal 1o the stretch factor & multiplied by the subband transposi-
tion factor @. Optionally, the phase obtained by such linear combination is-furtheradiusted by 2 fixed
phase correction parameter. The phase-of the processed sample way be given by equation {13}

15 oné ernbodirent, the block extractor (or an analogous step in a method according to thedn-
vention) is adapted to interpolate two or more analysis samples from an atalysis subband signal in
order to obtain one input sample which will be included in a frame (block}. Such interpolation may
enable downmixing of the input signal by a now-integer factor. The analysis samples 1o be nterpolated
may or may not be consecutive.

n one embodiment, the configuration of the subband processing may be controlled by coptrol
data provided from outside the unit effecting the proCessing. The conteol data may relate 1o momen-
tary accustic properties of the input signal. For instance, the system itself reay include a section
adapted to determine moraexiary acoustic properties of the signal, such as the {dominant) fundamental
frequency of the signal. Krowledge of the fundamental frequency provides a guidance in selecting the
analysis subbands from which the processed.samples are to be derived. Suitably, the spacing of the
analysis subbands is proportional to such fundamental frequency of the input signal. Avan alternative,
the control data may also be provided frore outside the system, preferably by being included in acod-
ing format sultable for iransmission as 2 bit steeam over a digital comrnunication network. In addition
to the control data, sich coding format may inclode nformation relating to lower-freguency compo-
nents.of & signal {e.g..components.at pos,. 701 in Fig. 7). Howeyver, in the interestof bandwidih econ.
omy, the format preferably does nat include complete information relating to higher-frequency com-
ponents {pos. 702}, which may be regenerated by the invention. The invention may in paticular pro-

vide a decoding system with a control data reception unit configured toreceive such control datg,
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whether included in a received bivstream that also encodes the input signal or received as a separate
signad or bit strean.

One embodiment provides a technique for efficiently carrying out computations occasioned
by the inventive method. To this end, a bardware irmplernentation may include a pre-normalizer for
rescaling the magnitudes of the corresponding input samples in some-of the ¥ frames on which g
framie of processed simiples are 1o be'based. Aftersuch rescaling, a processed sample can be computed
asa (weighted) complex product of rescaled and, possibly, non-rescaled input saraples. An haput sam-
ple appearing as arescaled factor in the product normally need not reappear as & non-rescaled factor,
With the possibleexception of the phase correction parammeterd, it is possible to evaluate equation
{13) as-a product of {possibly rescaled) complex input samples. This represents 2 computational ad-
vantage in comparison with separate treatments of the magnitude and the phaseof a processed sample.

Io one ernbodiment, asystem configured for the case Y= 2 cotoprises two block extractors
adapted 1 forn one frarae of input samples each, in paraliel operation,

In a further development of the embodiments representing ¥ 2 3, a system may comprise a
plurality of subband processing units; cach of which is configured to determiine an intermediate syn-
thesi¢'subband sighal using a different subband traosposition factor and/or a different subband stretch
factor andfor transposition method differing by being cross-product based of direct. The subband pro-
cessing units ray he arranged in parallel, for paraliel operation. In this embodiment, the systemn may
further comprise 3 merging unit arranged downstream of the subband processing units and upstream of
the synthesis filter bank. The merging unit may be adapted to mezge {2.g., by mixing together). corre-
sponding intermediate synthesis subband signals to obtain the:synthesis subband signal, As already
noted, the intermediate synthesis subband which are mergéd roay have been obtained by both direct
and cross-product based harmonie transposition. A system according to the enmthodiment may further
comprise & core decoder for decoding a bit stéeam into an input signal. It may also comprise a HER
processing unit adapted to apply spectral band information, notably by performing spectral shaping,
The operation of the HFR processing unit may be controlled by information encoded in the bit stream.

One embodiment provides HFR of nwiti-dimensional signals, e.g., in a systemfor reproduc-
ing audio in a'stereo format comprising Z channels, suchaas left, right, center, surround ete. In one
possible implementation for processing an input signal with a plurality of channels, the processed
samiples of each channel are based on the same number of input samples although the stretch factor §
and transposition factorQ for each band may vary between channgls. To this end, the implementation
may comprise an analysis filter bank for producing ¥ analysis subband signals from each chanpel, a

subband processing unit for generating Z'subband signals anda synthesis Gliec bank for generating @

-time stretched andfor frequency ransposed signals which form the output signal. ...

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 a greater arnount of computational resources to HER of scoustically prominent channels; e.g,,
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channels to be reproduced by audic sources located in front a listener may be favoered over durround or
rear chanueis.

Yt is eraphasized that the invention relalesto alt combinations of the above featurss, even if
these are recited in different claims,

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described by way of illustrative examples, not lmiting the
scope or spivit of the invention, with reference to the accompanying drawings.

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

Fig. 2 iHusteates the operation of nonlinear subband block processing with one subband input.

Fig. 3 illustrates the operation of nonlinear subband block processing with two subband ia-
pufs.

Fig: 4 illustrates the operation of cross product enbanced subband block based harmondc
trangposition.

Fig. 5 iHustrates an example scenaric for the application of subband block based transposition
using several orders of transposition in a HFR enhanced audio codec.

Fig. 6 illustrates an examnple scenario for the operation of a multiple order subband block
hased transposition applying a 64 band QME zaalysis filter bank.

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

Fig. ¢ shiows a detail of the non-linear processing unit of Fig. 2, including & pre-normalizer
and a-multiplier,

DESCRIPTION OF PREFERRED EMBODIMENTS

The embodiments described below are merely illustrative for the principles of the present in-
veniion CROSS PRODUCT ENHANCED SUBRBAND BLOCK BASED HARMONIC TRANSFOSITION. It is
understood that modifications and variations of the arvangements and the details described herein will
be apparent to others skilled in the art. It is the intert, therefore, that the tnvention be limited only by
the scope of the appended patent claims and not by the specific detalls presented by way of descrip-
tion and explanation of the embodiments herein,

Fig. 1 iltustraies the principle of subband block based transposition, time stretch, or a combi-
nation of transposition and time siretch, The input time domain signal is fed to an analysis filter bank
104 which provides a multitude of cornplex valued subband signals. These are fed to the subband
processing unit 102, whose operation can be influenced by the control data 104, Each output subband

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

tion.of the tesultof several.such processed subbands. The multitude of complex valued output subs...

hands is-fed to a synthesis-filter bank 103, which in tum ottputs the roodified time domain signal. The

optional control data 104 describes the configuration and parameters of the subband processing,

10
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which may be adapted to thesignal to be transposed. For the case of cross product enhanced transpo-
sition, this data raay cany information relating to 4 dominating fundamental frequency.
Fig. 2 illusirates the operation of nonlinear subband block processing with one subband input.
Given the target values of physical tiree stretch and transposition, and the physical parameters of the
5 analysic and synthesis filter banks 101 and 103, one deduces subband time stretch and transposition
parameters 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, time streteh, or a combination of
transposition and time streteh of the complex valued source subband signal in order to produce the
target subband signal.

16 A block exfractor 201 samples a finite frame of samples from the compleX valugd input sig-
nal. The frame is defined hy an inpot polnier position and the subband transposition factor. This
frarne underpoes nonlinear processing in processing section 202 and is subsequently windowed by
windows of finite-and possibly variable length incwindowing 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 amoint and the
cutput pointer is incremented by the subband stretch factor times the same amount, An iteration of
{his chain of operations will produce ancoutpnt signal with duration being the subband stretch factor
times the input subband signal duration, up to thelength of the synthesis window, and with complex
frequencies teansposed by the subband transposition factor. The control signal 104 may influence

20  cach of the three sectinns 201,202, 203,

Fig. 3 illustrates the operation of nonlinear subband block processing with two subband in-
pute. Given the target values of physical tiroe strefch and transposition, and the physical parameters of
the analysis and synthesis filter banks 101 and 103, onc deduces subband tire streteh and transposi-
tion paraivieters aé well as two source subband indices for each target subband index. In case the non-

25  Hoear subband block processing isto be used for exetion of missing partials through cross produst
dddition, the corfigiation of se¢tions 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 s wrealize the corresponding transposition, tme stxetch, or a combination

of transposition and time siretch of the combination of the two complex valied source subband sig-

[N
o

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 vatued source subband, and the second block extractor 301-2
savaples a finite frame of samples from the second coraplex valued source subband. The frames are
defined by 2 ¢oromon input pointer position and the subband fransposition factor. The two frames
---------- underge nonlinear processing 10302 and are subsequently windowed by a finite length window.in ..
35  windowing section 303, The overlap and add unit 204 may have a similar or identical structure 1o that
shown in Fig. 2. An iteration of this chain of operations will produce an output signal with duration

being the subband stretch factor times the longest of the two input subband signals, (up to the length
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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 frequencies ransposed by the subband transposition factor. In the case
that the two subband Signals carry different frequencics, the present invention teaches that theowin-
dowing 303 can be adapted to generate an output signal which has a target frequency suitable for the
peneration of missing partials in the transposed signal.

Fig. 4 illtrates the principle of cross product enfianced subband block based transposition,
time steetch, or a4 combination of rransposition and time stretch. The dicect subband processing unit
401 can Be of the kind already desoribed with reference to Fig. 2 {section 202} or Fig. 3. A cross sub-
band processing unit 402 s also fed with themultitude of complex valued subband signals, and iis
operation is influenced by the crogs precessing conirol data 403, The cross subband processing wuit
4902 performs nonlinear subband block processing of the type with two subband inputs describedin
Fig 3, and the output target subbands are added to those from the direct subband processing 401 in
adder 403, The crioss processing control data 403 may vary for each input pointer position and con-

sists of at {east

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

A rdes processing control wnit 404 furnishes this cross processing control data 403 given a
portion of the control data 104 describing a fundamental freqiency and the muliinngde of complex
valued subband signals output from the analysis filter bank 101, The control data 104 may also carty
other signal dependent configuration parameless which influence the cross product progessing.

In the following text; a description of principles of cross product enhanced subband block
based Hime stretch and transposition will be outlined with reference to Figs. 1-4, and by adding ap-
propriate mathernatical ferminology.

The two main configuration parameters of the overall harmonde transposer and/or time
stretcher are

s 8, : the desired physical time stretch factor; and
s {3, : the desired physical transposition factor.

The filter banks 101 and 103 can be of sny complex exponential modulated type such as
OMF or 2 windowed DFT or a wavelet transform. The analysis filter bank 101 and the synthesis filter
bank 103 can be.evenly or oddiy stacked 1o the modulation and can be defined from a wide range of
prototype filters and/or windows. While all these second order choices affect the details I the subse-

quent design such as phase corrections and subband mapping management, the main system design

parameters for the-subband processing can typically be derived from the two quotients Az, /As, and
Af EAF, of the following four filter bank parameters, all megsored in physical unitg. In the above
Mg iy, E B Pl

guoticnis,
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® At, is the subband sample time step or time siride of the analysis fiiter
bank 101 (c.g. measured in seconds {s]};

® &fF, is the subband frequency spacing of the analysis filter bank 101
{e.g. measured in Herte {1l

] s At is the subband sample time step or time stride of the synthesis filter

bank 103 {e.g. measured in seconds {sl); and

® Af, is the subband frequency spacing of the synthesis filter baak 103
{e.g. measured 1o Hertz {1481,
Forthe configuration of the subband processing unit 102, the {oliowing parameters should be

W computed:

® § »the subband stretch factor, i.¢. the stretch factor which is applied

within the'subband processing unit 102 as 4 ratio of input and output samples in grder to

achigve 4b overall physical time stretch of the-time domain signal by S,

% 2 : the subband transposition factor, i.e. the transposition factor which

ey
in

is applied within the subband processing unit 102 in order to achieve an overall physical fre-
quency transposition of the time domaln signal by the facter ¢, vand

® the correspondence between source 4id target subband indices, wherein
n denotes an index of an analysis subband entering the subband processing unii 102, and m
denoies an index of a corresponding synthesis subband at the output of the subband pro-
24 cessing unit 102,
n order to deteraiing the subband streteh factor §, it is observedithat an input signal to the

analysis filter bank 101 of physical duration D comresponds to a number D/ Ay of analysis subband
samples at the input to the subband processing unit 102. These D{Ar, samples will be stretched to
8- B/ Az, samples by the subband processing unit 102 which applies the subband streteh factor 5.
25 At the output of the synthesis filter bank 103 these 83/ At samples result in an output signal hav-
ing a physical duration of Ar, +§ -3/ Az, . Since this latter duration should meet the specified value
S, D, ie. since the duration of the time domain output signal should betine stretched compared to
the time domain input signal by the physical time stretch factor §,, the following design rule is ob-

tained:

30 S=—28, . H

In order to determine the sabband transposition factor 3 which is applied within'the subband

processing vnit 102 in orderic achieve a physical transposition @, , it is observed that as input sinus-

13
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aid fo the analysis filter bank 101 of physical frequency £ will result in a complex analysis sabband
signal with discrete time angular frequency @ =220 -4As, and the main contribution cocurs within
the analysis subband with index n =~ £/ Af, . An cutput sinuscid at the-output of the synthesis filter
bank 103 of the desired transposed physical frequency @, -8 will result from fesding the synthesis
§  subband with index m~ @, -Q/4f; with a complex subband signal of discrete angular frequency

273, -§3- Az, . In this context, care should be taken in order to avoid the synthesis of aliaged output
frequencies different from ¢, - Q. Typically this can be avoided by making appropriate second ovder
choices as discussed, e.g. hy selecting appropriate analysis and/or synthesis filter banks, The discreie

frequency 22Q, - $1- At at the output of the subband provessing unit 102 should comespond to the
10 discrete time frequency @=22€2- At, at theiaput of the subband processing unit 107 muldtiplied by

the subband transposition factor 3. Le., by setting equal 2700As, and 220, Q- AL, the follow-

ing relation between the physical transposition factor £, and the subband ransposition factor  may

be determined:

Aty y
G=—0, - 2
ar,
A
15 Likewise, the appropriate source granalysis subband index n of the subband processing nait

§02 for a given target or synthesis subband index m should obey
Af, 1 s
il m . (3

In one erobodineen, it bolds that Af /&f, =@, Le. the frequency spacing of the synthesis

filter bank 103 corresponds to the frequency spacing of the analysis filter bank 181 miliplied by the

20 physical transposition factor, and the one-to-one mapping of analysis o synthesis subband index
n=m can be applied. In other embodiments, the subband index mapping may depend on the details
of the filter bank parameters. Tu particular, if the fraction of the frequency spacing-of the synthesis
filter hank 103 and the analysis filter bank 101 is different frove the physical transposition factior @,
one or two source subbands may be assigned 1o a given target subband. In the case of two source

35 subbands, It sy b preferable io'tse two adjacent source subbands with index n, n+1, respectively.
That is, the first and second source subbands are given by either (80}, nlm) +1 yor (dmy+ Lon() ).

The subband proeessing of Fig. 2 with asingle source subband will now bedescribed as &

function of tie subband processing parameters § and @ . Let x{%) be theinput signal to the block

extractor 201, and let ibe the input block stride. Le,, x(k)is ¢
30 pal of an analysis subband with index n. The block exteacted by the block extractor 201 can without

ioss of generality be considered to bedefined by the L =R + &, samples

14
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(4

5y =x{Qk+ i), b=-R...K~1, {4)
wherein the integer I is a block counting fndex, L s the block length and B, K, are

nonnegative integers. Note that for =1, the block is exiracted from consecutive samples but for
(> 1, a downsampling is performed in such a manner that the input addresses are siretched out by
the factor @ . If s an integer this operation is typically straightforward to perform, whereas an
interpolation method may be required for non-integervalues of @, This statement isxelevant also for
non-integer values of the incrementh, ke, of the input block stride. In an embodiment, short interpo-
fation filters, ¢.g. filters having two filter taps,cau be applied to the complex valued subband signal.
Forinstance, if a sampleat the fractional time index &+ 0.51s required, a two tap interpolation of the
form x(& +0.5) = ax{) + bx(k + 1), where the coefficients ¢, & may be constants or may depend on g
subband fndex (see, &ig., WO2004/097794 and WO2007/085275), may ¢nsuré a sufficient quality.

An interesting special case of formula (4) is B, =0, £, =1 where the exiracted block consists
of a single sample, i.¢. the block lengthis L=1.

With the polar représentation of a complex number 7= Ez[exp{i ), wherein : is the magni-
tude of the complex number and £z s the phase of the complex number, the nonlinear processing
it 202 producing the suiput frame ¥, from the input frame’ x;is advantageously defined by the
phase modification factor T =8¢ through
(el (B = (T =D (03 + Lx (k3 + 31
< , Lhk=—R.,.. R -1
L () =m0 x ) | i

o~
LAy
ot

1o

where gg [G, 1} is a geometrical mapnitude weighting parameter. The cage p =0 corre-
sponds to a purephase modification of the cateacted block, A partdenlarly attractive value of the mag-
nitude weighting is p=1~1/T for which a certain computational complexity relief is obtained irre-
spectively of the hlock length L, and the resulting transient response is somewhat irnproved aver the
case g =0, The phase correction parameter & depends on the filter bank details and the source and
target subband indices. In a0 embodinent, the phase correction parameter & may be determined ex-
perimentally by sweeping a set of input stousoids. Purthermore,; the phase correction parameter
¢ may be derived by studying the phase difference of adjacent targét subbiand complex sinusoids or
by optimizing the performance for a Dirac pulse type of input signal. Finally, with a suitable design
of the analysis and synthesis filter banks 101 and 183, the phase comection parameter # may be set to

zern, or onitted. The phase randification factor T shoyld be an integer such that the epefficients

RETTTE T AR DA TRt e T the Hindar sombivation of phases in the Srst e of Tormula (3 Withthiv

assumption, i.e. with the assumption that the phase rodification fagtor T is an integer,.the result of
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the nonlinear modification is well definedieven though phases are ambiguous by identification modu-
o2z,

In words, formula (5 specifies that the phase of an cvtput frame sample is determined by off-
selting the phase of a corresponding input:frame sample by a copstantoffset value. This-constant off-
set value may depend on the modification factor T, which itself depends on the subband stretch fac-
torand/orthe subband transposition factor. Furthermore, the constant offset value:may depend on the
phase of a particular input frame sample from the input frame. This pardeslar inpit famessample is
kept fixed for the determination of the phase of all the output frame samples of a given block. In the
case of formula (5), the phase of the center sample of the input frame is used as the phase of the par-
ticular input frame sample.

The second line of formula (5) specifies that the magnitude of a sample of the output frame
may depend on the magnitude of the corresponding sample of the input frame. Furthermore, the mag-
vitide of @sample of the output-drame may depend on the maguitnde ofa particular input frame sam-
ple. This particular input frame sample may beused for the determingtion of the mapnitude of all the
output frame samples, In the case of formula (3), the center sample of the input frame is used as the
particular inpot frame sample. In an embodiment, the magnitude of a sample of the ouiput frame way
correspond to'the geometrical mean of the magninide of the corresponding sample of the input frame
and the particular input frame sample.

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

7y =wikdytk), k=-KRooR, -1 . &)
Finally, it is assumed that all frames are extended by zeros, and the overlap and add operation

204 is defined by

B
]
Nt

HOERWACERLHN

wherein it should benoted that the overlap énd add anit 204 applies a block stride of S2, ie.,
a time stride which is § tifnes higher thin the laput block stride it Pue tothis difference in time
strides of formula (4) and (7) the duration of the output signal z{&)is § times the duration of the
input signal ¥k}, 1.e., the'synthesis subband signal has been stretched by the subband siretch factor
& compared to the analysis sabband signal. Tt should be noted that this observation typicaily applies if
the length Dof the window is negligible 1 comparison to the signal duration.

For'the case where a complex sinusoid 4s used s input to the subband processing 102 Le,, an
analysis subband signal corresponding to a complex sinusoid
85

it may be-determined by applying the-formulas (437} that the-output of the subband pro-

cessing 102, Le. the corresponding synthesis subband signal, is given by
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i@

28

2iky=|Clenp {{T <U+8+ Qak) |5 wik - Skl . {9)

independently of p. Heooce, a coraplex sinusoid of discrete time frequency @ will betrans-
formed into a complex sinuscid with discrete time frequency Qe provided the synihesis window

shifts witha stride of §% sum up to the samie cofistant value K forall &

Y owk-Saly =K (0
{

1t is illustrative to consider the spectal case of pure transposition where §=1 and T =0 I
the input block stride is A =1 and R, =0, R, =1, all the above, L.e. notably formula (3), eaduces to the
poiut-wise of sample based phase modification mile

(ol =T Lelk) + 8 ,
{ |20 = o) } ()

The subband processing unit 102 raay use the conirol data 184 to set certain progessing pa-
rameters, ¢.8: the block length of the block extractors,

In the following, the description of the subband processing will beextended 1o cover the case
of Fig. 3 with two subband inputs. Let xV{k) be the input subband signal to the first block extractor
30%-1and let x'9 (k) be the input subband signal to the second block exiractor 301-2. Each extractor
can use & different downsampling factor, leading to.the extracted blocks

EROEZ VS

) k=R Ry
L2 =52k + i)

1. (12

The nonlinear processing 302 produces the output frame v, and may be defined by
Ly () =T 4Py + DL P (i + 51

IR I T S (13)

X
the processing in 303 is again desceibed by (6) and (7) and 204 is identical to the overlap and
add processing described in the context.of the stngle input case,

The definition of the nonnegative real parameters 2, 0, ., p and the nonnegative integer pa-
rameters 7.7, and the synthesis window wnow depends on the desired-operation mode. Note that if
the same subband is fed 1o both inputs, xCEy=x"4L) and B =0, 8, =0, T, =4, T, =T ~1,the
operations in {12} and {13) reduce to those of(4) and {§) inthe single input case

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

physical transposition factor Q it may be beneficial to determine the sam plw of 2 synthesis sub-

baad with index m from two analysis subbands with index n, 1 + 1, réspectively. For'a given index m,

the corfesponding index » may be given by the integer vahue obtained by truneating the analysis index
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value i given hy formuia (3). One of the analysis subband signals, e.g.. the analysis subband signal
sorresponding to index #, is fed into the first block extractor 301-1 and the other analysis subband
signal, e.g. the one corresponding to index » + 1, is fed into the second block extractor 301-2. Based
on these two analysis subband signals a synthesis subband signal corresponding to index m s deter-
mined in accordance with the processing outlined above. The assignment ofthe adjacent analysis
subband signals to the two block extractors 3011 and 302-1 may be based on the remainder that is
obtained when truncating the index value of formula (3), L.e. the difference.of the exact index value
given by formula (3) and the truncated integer value # obtalned from formula (3). If the remainder s
greater than (1.5, then the analysis subband signal corresponding to index » may be assigned to the
second block extractor 301-2, otherwise this analysis subband signal may beassigned 1o the frst
block extractor 3011, I this ogeration mode, the parameters may be designed such that input sub-
band signals sharing the same complex frequency @,

{ﬁ”(k} =, expliok) |

=, exp(ia)k)} ’

(14

lead to an output subband sigual being a corplex sinnsoid with discrete time frequency @@,

It turns out that this happens if the following relations hold:

P

Q=70 +T,0,

3
SR (15
SP=T+7, |

PR

For the operation mode of génerating missing partials by means of cross products, the design
criteria are different. Returning to the physical transposition parameter ¢, the aim of « cross produst
addition is to produce output &t the frequencies @, G+ rQ, for r=1. @, 1 given inpuis at fre-
guencies 9 and {40, where £ is a fundamental frequency belonging to a dowuart pitched

component of the input signal. As described in WO2010/081892, the selective addition of those terms

will result in 2 completion of the harmonic series and @ significant reduction of the ghost'pitch arti-
fact.

A consiructive algorithm for operating thercross processingcontrol 404 will now be sutlined.
Given a target output subband index m , the parameter r =1, —1 and the fundamental frequency
£3, , one can deduce appropriate seurce subband indices », and m, by solving the following system of

equations in an approximate sense,

(16
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where ¢r=1/2 for oddly stacked filter bank modudation {as typically used for QMFEF and
MDCT filter banks) and o =0 for evenly stacked filter bank modulation {as typically ysed for FFT
filter banks) .
With the definitions
5 ® =/ Af, ¢« the fundarental frequency measured in units of the anal-
ysis filter bank frequency spacing;
& F = Af FAf, : the quotient of synthesis to analysis subband frequency

spacing; and

- —¢r @ the real valued target for an integer valued

1@ lower souree index,
an example of advantageous approximate solution to (16} is given by selecting »; as the inte-
gerclosestto n’ |, and n, as the integer closest to wo4p.
if the fundamental frequency is-smaller than the aaalysis filter bank spacing, thatis it p <1,
it may be advantageous to ¢ancel the addition of a cross product,
i5 As it 1s taught in WOR010/081892, a cross product should not be added to an output subband
which already has a significant maincontribution from the transposition without cross products.
Moreover, at most one.of cases r= 1. .‘,Q{D ~ Ishould contribute to the cross product output. Here,
these rules may be carried out by performing the following three steps for each targe! output subband
index m:
20 i. Compute the raaxiraum M over all choicesof r=1..., "}a‘ ~{ofthe

minimum of the candidate source subband magnitudes (x} and Ix(”l gvaliated in (or front g

. . . . ¢! 2
neighhorhood of) the central tirne slot. & =4 , wherein the source subbands AP and ¥ may

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

2. Compute the corresponding raagnitude M for the direct source term ri
o . . . s o
28 obtained from.a source subband with index 5 = = m {cfieg. 3y
}w
3 Activate the cross term from a winning choice for M in point 1 above

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

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

S
<

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

than @, ~1 chaices, for example defined by & finite list of candidate values for fundamental frequency
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measured in analysis frequency spacing units p. Yet another variation is to apply different measures
of the subband magniiudes, such as the magnitude of a fixed sample, 2 maximal magnitude, an aver-
age magnitude, a magnitude in Fnorm sease, efc.
The list of target source bands m selected for addition of a cross product together with the

§  values of #, and 5, constitites 2 main part of the cross processing control data 403, What rexuains t©
be described is the configuration parawmeters 3, 8,, 2, the nonnegative integer paramsters 1,7,
appearing in the phase rotation (13) and the synthesis window wto be used in the orosssubband pro-
cesing 402. Inserting'the sinuscidal modeld for the cross produoct sitnation leads to the following

source subband signals:

. <x‘!k‘1 = expliok) } , .
xRy = O exp {Hew a0k
where @=2704A1, and @, = 228,41, . Likewise, the desired output subband is of the form
aky=Coexpl i0{@+ray 10, )k | (18)
Conputations reveal that this target output can be achieved if(15) is fuliilled jointly with
T a9
15 The conditions (15) and (19) are squivalent fo
7, (@, 15, {
E,=r§, by {203

H(Q, ~rID, + 7D, =0,/ S}
which defines the integer factoss T, 7, for the pbase modification in (13} and provides some
design freedom in setting the values of downsampling factors D, I3, . The magnimde weighting pa-
rameter may be advantageously chosen to o= r/@,. As can be seen, these coufiguration parameters
20 osly depend on the fundamental frequency {3, through the selection of », However, for (18} to held,

2 new condition on the ¢ynthedis windéw W ererges, Hamely

EX Wk - Shi=K, with

\= WiE) = wviexp(iag, ‘ : 21}
s O 1) i

Ry p-—-—k-%--mi(i’z ~ DAL A, S,

: -

as the last piece of cross processing controd data 403,
25 It i¢ noted that the above algorithin for computing cross processing control data 403 on the

basis of input parameters, suchaas atarget output subband Index o andia fundamental frequency 42,
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is of a purely exemplifying nature and assuch does aot it the scope of the invention. Variations of
this disclosure within the skilled person’s knowledge and routine experineentation — e.g., a further
subband block based procéssing method providing a signal (18} as output in response to input signals
{17} ~ fall entirely within the scope of the invention.

Fig. 5 illusirates an example scenatdo for the application of subband block based transposition
using several orders of transposition in a HFR enhanced audio codec. A transmitted bit-stream s re-
ceived at a core decoder 01, which provides a low bandwidth decoded core signal at a sampling
frequency f3. The low bandwidih decoded core signal is resampled to the ouiput sarapling frequency
2fs by means of & complex modulated 32 band QMF analysis bank 502 followed by 2 64 band QMF
synthesis bank (Inverse (QMF} S0S. The two filter banks 502 and 503 share the same physical pa-
rameters Ar, = Az, and Af, = Af,, and the HFR processing unit 304 simply lets through the enmodi-
fied fower subbands corresponding to-the low bandwidth core signal. The high frequency content.of
the cutpul signal is obiained by feeding the higher subbands of the 64 band QMF synthesis bank 505
with the outpiit bands from a multiple transposer unit 503, subject to spectral shaping and modifica-
tion performed by a HFR processing undt 504, The multiple transposer 303 takes as input the decoded
core signal and outputs a multitude of subband signals which represent the 64 QM band analtysis of
a siperposition or combination of several transposed signal coraponents. The objective is that i the
HFR processing is bypassed, each component corresponds 1o an integer physical transposition with-

out time stretch of the core signal (@, = 2.3, and 8 =11 In the inventive scenario, the trausposer

control signal 104 contains data describing a fundanental frequency. Thiv data can either be transmit-
ted via the bitstrearn from the comesponding audio encoder, deduced by plich detection in the decod-
er, or obtained from a combination of transmitted and detected information.

Pig. 6 illusirates an example scenario for the operation of a muliple 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 275 . The merge unit 803 shmply selects and compbines the
relevant subbands fromeeach transposition factor branch into a siogle multitude of QMF subbands (o
hefed into the HFR processing wnit, The objective is specifically that the processing.chainof a 64
hand QMF analysis 601, a subband processing unit 602- &, and a 64 band QMF synthesis 505 re-

suits in @ physical transposition of @, with S, =1(i.e. nc stretch). Identifying these three blocks with

101,102 and 103 of Fig. |, one finds that Az, = 6455 and Af, = f5/128 so Af /A, =12 and

A design of specific configuration parameters for 602- 8, will be described sepa-

rately foreach ¢ase o= 2,3, 4. For all cases, the analysis strideds chosen to be =1, and it is as-

stimed that the normalized fundarmental frequency parameter p=£, /A7, =128Q,/ /¥ is known.
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Consider first the case @ =2 . Thep 602-2 has o perforrea sibband stretch of §=2,a sub-
band transposition of Q=1 (i, nong) and the correspondence between source n and target subbands
m is piven by n=am forthe direct eubband processing, In the inventive scenario of cross product
addition, there is only one type of cross product to consider, namely r =1 (see above, after equation
5 (131, and the equations (201 reduce to T, =7, =1 and 5, + 0, =1, An exemplary sofution congists of
choosing £, =0 and D, =1. For the direct processing synthesis window, a rectangular window of
even length L=10 with 8 =R, =35 may be used as it satisfies the condition (18). For the cross pro-
cessing synthesis window, 2 short L=2 tap window can be used, with B = &, =1, in order to keep
{he additional complexity of the cross products addition to a minirmum. After all, the beneficial effect
10 of usiog a long block for the subband processing is most notable to the case of complex audio signals,
where unwanied intermodulation terms are suppressed; for the case of a dominant piteh, such artifacts
are less probable to occur. The L=2 tap window is the shortest one that can satisly (10 since £ =1
and § =2 . By the present invention, however, the window advantagecusty sausfies (21). For the
parameters at hand, this amounts 1o
{G(-1) = W(0)
15 W) = wiviexp(iv},y .
a@=Ipil J
which is fulfilied by choosing w{) =1 and wi-D=explia) =explinp/2).
For the case @, =3 the specifications for 602-3 given by (1)-( 3} are that it has toperform a
subband streich of § =2, a subband transposition of $=3/2 and that the correspondence between
source n and farget m subbands for the direct term processiag is given by n=2m/3. There are two

23 types.of oross product termis =12, gnd the equations (23} reduce to

I: == 3 bl & L
2; =P i
3D+l = 3:'2‘]

An exemplary solution consists of choosing the downsampling parameters as

® Dy o=Qand 3, =342 for r=1;
® D =32ad B, =0 for r=2.
25 For the dirsct processing synthesis window, a rectangular window ¢f gven length 1.=8 with

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

be used, withR, =&
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w13 = w({(
SWivY=wiryexpliav), ¥,

#

.,

L e P

which is. fulfilled by choosing w(Qy=1 and w{-1}=exp(ie}.
For the case {J, = 4, the specifications for 602-4 given by (1)« Syare that it hasito perfons a
sibbind ctreich of $= 2, a subband transposition of ¢ =2 and that'the correspondence hétween
5 source nand target subbands m for the direct term processing is given is by n=2m . There ate three

types of cross product terms r =123, and theequations {20) reduce o

An exemplary solution consists of choosing

® O =0and &, =2 for ¥=1;
1@ ® O =0and B, =1 for r=2;
& 8 =2ad D, =0 for r=3;

For the direct processing synthesic window, a rectangular window of even length L=6"with

B, =R, =3 may beused. For the cross processing syrthesis window, ashort L =2 tap window can be

used, with 8 = &, =1, and satisfying

i

3

= wiidenpliny),
N

15 3 & ¥
R
B3 ' 3

which.is fulfilled by choosing w{@)=1 and wi-H=exptia).
¥ sachrel e ahovs cases where more than ong »value ¢ applicable, a selection will take
place, e.g., similarly to the three-stop procedure described before equation (17}
Fig. 7 depicts the amplitude speetrumof 2 harmonic signal with fundamental frequency
30 Qo=564.7 He. The low frequency part 791 of the signal is to beused a5 fnput for o ronltiple ttans-
poser. The purpose of the transposer {6 10 genceate a signal as close as possible to the high frequency

part T82-of the input signal, so that transmission-of the high-frequency part 702 becomes non-

uency part 701 of the signal of Fig 7 as ioput. The multiple transposer is constructed by using 64
q ¥E g B Y p P 3 £

23
band OMF filter banks, input sainpling frequency f5 = 14400 Hz , and in accordance with the descrip-
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tion of Fig. 5. For clarity however, only the two transposition orderss {, =2,3 are considered. The

three different panels 801-803 represent the final output obtained by using different settings of the
cross processing control data,

The top pane! 801 depictsthe cutput spestrina obtained if all cross preduct processing i can-
celed and only the direct subband processing 401 is active. This will be the.case if the cross pro-

cessing confrol 404 rectives no pitch.or p =0 . Trausposition by 3, =72 generates the output in the
range from 4 to 8 KHz and transposition by @, =3 generates the output in the range from 8o 12

kHz As it can be seen, the created partials are increasingly far apart and the outpixt deviates signifi-
cantly from the tarpet high frequency signal 702, Audible double and triple “ghost” pitch artifacts will
be present in the resulting avdio putput,

The middie pane} 802 depicts the output spectrum obtained if cross product processing is ac-
tive, the pitch parameter p=3 isused (which is an approxiraation to 1280/ = 5.0196); but 2 sim-
ple two tap synthesis window with w{(y=w{~1) =1, satisfying conditiva {1{), is used forthe cross
subband processing. This amounts to a straightforward combination of subband block based pro-
cessing and cross-product enhdnoed harmonic transposition. As it can be seen, the additional cutput
signal componerts cornpared to 801 do not align well with the desived hatmonic Series. This shows
thavit leads to msufficiest audio guality o use the procedure inherited from the design of direct sub-
band processing for the cross product processing:

The bottom panel 803 depicts the output spectrum obtained from the same scenario as for the
widdle panel 802, but now with the cross subband processing synthesis windows given by the formm-
tas described in the cases @, = 2,3 of Fig. 5. That is, a two tap window of the form w{l}=1 and
wi—1)y= explicr) satisfying (21) and with the feature taught by the present invention that it depends
on the value of p. As it can be séen, the corabined cutput sigral aligns very well with the desired
harmonic series of 702,

Fig. 9 shows a portion of the non-linear processing frame processing onit 202 including see-
tions configured to receive two input samplesw,, wy and to generate based on thesea processed sam-
ple w, whose magnitude is given by a geometric mean of the magnitudes of the ioput sumples and
whose phase.is a linear combination of the phases of the input samples, that is,

fhd =l Pl
_ ‘ {22)
Larg w=T argu, +7, argu,

Itis possible to obtain the processed sample w according 1o this specification by pre-

normalizing each of the input sawples 4 44 -al.a.respective pre-nonmalizer 401, 802 and multiplying ..

8 . _ :
uﬂ al @ weighted multiplier 910, which

: 1 i
the pre-normatized tuput samples v, =, /1”1‘ SV, =y

outputs w =1 vg‘ . Clearly, the-operation-of the pre-norraalizers: 901, 902 and the weighted multipher
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91is deteanined by loput parameters &, &, aand §. It is easy to verify that equations {22) will be
fufiled f =T, B=T,a=1-p/T b =1~ {1}/ 7, The skilled person will readily be able to
generalize this layoul to an arbiirary sumber Ap of Input saxoples, wherein a.multiplier is supplied
with Ny input samples, of which some opalf have undergone pre-nonmalization: One observes, then,
that a common pre-normalization {¢ = b, implying that the pre-normalizers 901, 902 produce ident-
cal resulis) is possible if the parameter pissetto p =1,/ {T, +7, } This resudts in gcomputational

advantage when many subbands ate considered, since a conumon 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 a3 time-division-fashion.

Further embodiments of the present invention will becomg apparent to:a personshilled in the
art after readivg the description above. Even though the present description and drawings disclose
embodiments and examples, the Invention is rot restricted to these specific examples. Numerous
modifications and vatiations ¢an be made without departing from the scope of the present invention,
which 1§ defined by the accompanying claims,

The systerms and methods disclosed herginabove may be implemented as software, finmware,
hardware or a-combination thereof. Certain components or albcomponents raay be implemented as
softwareexecuted by a digital signal processor or microprocessery of be implemented as hardware or
as an application-specific inteprated ciccuit. Such software ay be distributed on computer readable
media, which may comprise compuier storage media {(or non-transitory media) and communication
media {ortransitory medias. As iswall kncwn to & petson skilled inthe act, computer storage media
iricludes both volatile and nonvolatile, removable and nonsremovable media iroplernented in any
rasthod or technology forstorage of iInformation such as computer readablé instructions, data stouc-
tres, progranemodules or other data. Computer storage media includes, but is not lmited to, RAM,
ROM, EEPROM, flash memory or other memory technology, CD-ROM, digital versatile disks
(DVD) or cther'optical disk stotage, magnetic casseties, magnetic tape, magnetic disk storage or other
magnetic storage devices, or any:other mediure which ean be used to store the desired information
and which can be scgessed by acomputer. Further, itis well knowa to the skilled person that cormu-
nication media typically embodies computer readable instructions, data structures; program modules
or other data in a moduiated data signabsuch as a carrier wave or other transport mechanism aad in-

chudes any information delivery media,
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CLAIMS

1. A system configured to generate a time stretched and/or frequency transposed signal

from an input signal, the system comprising:

an analysis filter bank configured to derive a number Y > 1 of analysis subband signals

from the input signal, wherein each analysis subband signal comprises a plurality of complex-

valued analysis samples, each having a phase and a magnitude;

a subband processing unit configured to generate a synthesis subband signal from the

Y analysis subband signals using a subband transposition factor Q and a subband stretch

factor S, at least one of Q and S being greater than one, wherein the subband processing unit

comprises:

a block extractor configured to:

i) form Y frames of L input samples, each frame being extracted from
said 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 & samples to said plurality of analysis
samples, prior to forming a subsequent frame of L input samples,

thereby generating a sequence of frames of input samples;

a nonlinear frame processing unit configured to generate, on the basis of Y

corresponding frames of input samples formed by the block extractor, a frame of

processed samples by determining a phase and magnitude for each processed sample

of the frame, wherein, for at least one processed sample:

and

1) the phase of the processed sample is based on the respective phases
of the corresponding input sample in each of the Y frames of input
samples; and

ii) the magnitude of the processed sample is determined as a mean
value of the magnitude of the corresponding input sample in a first
frame of the Y frames of input samples and the magnitude of the
corresponding input sample in a second frame of the Y frames of input

samples;

an overlap and add unit configured to determine the synthesis subband

signal by overlapping and adding the samples of a sequence of frames of pro-

cessed samples;
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and
a synthesis filter bank configured to generate the time stretched and/or frequency
transposed signal from the synthesis subband signal, wherein the system is operable at least

for Y =2.

2. The system of claim 1, wherein
the analysis filter bank is one of a quadrature mirror filter bank, a windowed discrete
Fourier transform or a wavelet transform; and

the synthesis filter bank is a corresponding inverse filter bank or transform.

3. The system of claim 1, wherein:
the analysis filter bank applies an analysis time stride Aty to the input signal;

the analysis filter bank has an analysis frequency spacing Af s ;

the analysis filter bank has a number N of analysis subbands, with N >1 where »

is an analysis subband index with " = 0,....N—1.

an analysis subband of the N analysis subbands is associated with a frequency band

of the input signal;

the synthesis filter bank applies a synthesis time stride Al to the synthesis subband

signal;

the synthesis filter bank has a synthesis frequency spacing A ;

the synthesis filter bank has a number M of synthesis subbands, with M >1, where

M is a synthesis subband index with m=0,..M - 1; and

a synthesis subband of the M synthesis subbands is associated with a frequency band
of the time stretched and/or frequency transposed signal, wherein the subband processing unit
is configured for Y = 2 and further comprises a cross processing control unit configured to
generate cross processing control data defining subband indices ni, n> associated with the
analysis subband signals in such manner that the subband indices differ by an integer p

approximating the ratio of a fundamental frequency Qo of the input signal and the analysis

frequency spacing Afa.

4. The system of claim 3, wherein the subband indices ni, n> are associated with the

analysis subband signals and the synthesis subband index m, which subband indices are
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related by being approximate integer solutions of

0,Q+rQ,

m+o=—————
Af

Q
n+o=—-

Af,

Q+Q,
n,+o=

Af,

9

where Qo is a fundamental frequency of the input signal,

c=0o0r1/2,
_AIS
0= At, 2

9

Qy 1s a transposition factor, and

ris an integer satisfying 1 <r< Q- 1.

5. The system of claim 4, wherein the cross processing control unit is configured to
generate processing control data such that the subband indices ni, n> are based on a value of
r which maximizes the minimum of the subband magnitudes of the two frames formed by

extracting analysis samples from analysis subband signals.

6. The system of claim 1, wherein the block extractor is configured to derive at least one
frame of input samples by downsampling the complex-valued analysis samples in an analysis

subband signal.

7. The system of claim 1, wherein the subband processing unit further comprises a
windowing unit upstream of the overlap and add unit and configured to apply a window
function of a length which corresponds to the frame length L to the frame of processed
samples , and wherein optionally the window function is one of a:

Gaussian window,

cosine window,

raised cosine window,

Hamming window,

Hann window,

rectangular window,

Bartlett window, and
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Blackman window.

8. The system of claim 7, wherein the window function comprises a plurality of window

samples, and wherein overlapped and added window samples of a plurality of window

functions, when weighted by complex weights and shifted with a hop size of S, form a

substantially constant sequence.
9. The system of claim 1, operable at least for Y =1 and ¥ = 2.

10. The system of claim 1, wherein the mean value is a weighted geometric mean value,
and the geometric magnitude weighting parameters are p and 1 — p, where p is a real number

inversely proportional to the subband transposition factor Q.

1. The system of claim 1 configured for Y = 2, wherein the nonlinear frame processing
unit is configured to determine the phase of the processed sample based on a linear
combination, with non-negative integer coefficients (71, T2), of respective phases of the

corresponding input sample in a first and second frame of input samples.

12. The system of claim 11, wherein the phase of the processed sample corresponds to

said linear combination of phases plus a phase correction parameter 6.

13. The system of claim 1, further comprising a control data reception unit configured to
receive control data, wherein the subband processing unit is configured to determine the

synthesis subband signal by taking into account the control data.

14. The system of claim 13 configured for Y = 2, said control data including a fundamental
frequency Qo of the input signal, wherein the subband processing unit is configured to
determine the analysis subbands, from which the processed samples are to be derived, in such

manner that their frequency spacing is proportional to the fundamental frequency.

15. The system of claim 1, wherein the non-linear processing unit comprises:

a pre-normalizer configured to rescale the magnitudes of the corresponding input

B,
i, |

=u,l

samples in at least one of the Y frames of input samples (v’" ); and
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a complex multiplier configured to determine the processed sample by computing a
weighted complex product ‘=N meM of factors equal to the corresponding input
sample in at least two of the Y frames of input samples, at least one of the factors (

Vyr €M #D ) being derived from a sample with a magnitude rescaled by the pre-

normalizer.

16. The system of claim 1 configured for Y = 2, comprising:
an analysis filter bank configured to derive a first and a second analysis subband
signal from the input signal;
a subband processing unit configured to determine a synthesis subband signal from
the first and second analysis subband signals, wherein the subband processing unit comprises:
a first block extractor configured to:
1) form a first frame of L input samples from said plurality of complex-valued
analysis samples in the first analysis subband signal, the frame length being L
> 1; and
i1) apply a block hop size of 4 samples to said plurality of analysis samples,
prior to forming a subsequent frame of L input samples, thereby generating a
first sequence of frames of input samples;
a second block extractor configured to:
1) form a second frame of L input samples from said plurality of complex-
valued analysis samples in the second analysis subband signal; and
i1) apply the block hop size of 4 samples to said plurality of analysis samples,
prior to forming a subsequent frame of L input samples, thereby generating a
second sequence of frames of input samples;
a nonlinear frame processing unit configured to generate, on the basis of the first and
second frames of input samples, a frame of processed samples;
and
an overlap and add unit configured to form the synthesis subband signal;
and
a synthesis filter bank configured to generate the time stretched and/or frequency

transposed signal from the synthesis subband signal.
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17. The system of claim 1, further comprising:

a plurality of subband processing units, each configured to determine an intermediate
synthesis subband signal using a different value of the subband transposition factor Q and/or
of the subband stretch factor S; and

a merging unit arranged downstream of said plurality of subband processing units and
upstream of the synthesis filter bank configured to merge corresponding intermediate

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

18. The system of claim 17 configured for Y = 2, wherein at least one of the subband
processing units is a direct subband processing unit, which is configured to determine one
synthesis subband signal from one analysis subband signal using a subband transposition
factor Q and a subband stretch factor S, and at least one is a cross subband processing unit,
which is configured to determine one synthesis subband signal from two analysis subband
signals using a subband transposition factor Q and a subband stretch factor S, which are
independent of the first two factors,

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

a) the ratio of the magnitude My of the direct source term analysis subband yielding
the synthesis subband and the least magnitude Mc 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 unit;

¢) a fundamental frequency Qo is smaller than the analysis filter bank spacing Afa.

19. The system of claim 1, wherein:

the analysis filter bank is configured to form Y x Z analysis subband signals from the
input signal;

the subband processing unit is configured to generate Z synthesis subband signals
from the Y x Z analysis subband signals, applying a pair of S and Q values for each group of
Y analysis subband signals on which one synthesis subband signal is based; and

the synthesis filter bank is configured to generate Z time stretched and/or frequency

transposed signals from the Z synthesis subband signals.

20. A method for generating a time stretched and/or frequency transposed signal from an

input signal, the method comprising:
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deriving a number Y > 2 of analysis subband signals from the input signal, wherein
each analysis subband signal comprises a plurality of complex-valued analysis samples, each
having a phase and a magnitude;
forming Y frames of L input samples, each frame being extracted from said plurality
of complex-valued analysis samples in an analysis subband signal and the frame length being
L>1;
applying a block hop size of 4 samples to said plurality of analysis samples, prior to
deriving a subsequent frame of L input samples, thereby generating a sequence of frames of
input samples;
generating, on the basis of Y corresponding frames of input samples, a frame of
processed samples by determining a phase and a magnitude for each processed sample of the
frame, wherein, for at least one processed sample:
i) the phase of the processed sample is based on the respective phases of the
corresponding input sample in each of the Y frames of input samples; and
i1) the magnitude of the processed sample is determined as a mean value of the
magnitude of the corresponding input sample in a first frame of the Y frames
of input samples and the magnitude of the corresponding input sample in a
second frame of the Y frames of input samples;
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.

21. A data carrier storing computer-readable instructions for performing the method set

forth in claim 20.
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