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CROSS PRODUCT ENHANCED SUBBAND BLOCK BASED HARMONIC TRANS­
POSITION 

TECHNICAL FIELD 
5 The present invention relates to audio source coding systems which make use of a harmonic 

transposition method for high-frequency reconstruction (HFR), to digital effect processors, such as 

exciters which generate harmonic distortion to add brightness to a processed signal, and to time 

stretchers which prolong a signal duration with maintained spectral content. 

BACKGROUND OF THE INVENTION 

10 In W09S/57436 the concept of transposition was established as a method to recreate a high 

frequency band from a lower frequency band of an audio signal. A substantial saving in bitrate can be 

obtained by using this concept in audio coding. In an HFR based audio coding system, a low band­

width signal is presented to a core waveform coder and the higher frequencies are regenerated using 
transposition and additional side information of very low bitrate describing the. target spectral shape at 

15 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 WG98/57436 performs very welt for complex musical material in a situa­

tion with low cross over frequency. The principle of a harmonic transposition is that a sinusoid with 

frequency 6) is mapped to a sinusoid with frequency Q^o where Q > 1 is an integer defining the 

20 order of the transposition. In contrast to this, a single sideband modulation (SSB) based HFR maps a 

sinusoid with frequency a) to a sinusoid with frequency &) + Ara where Am is a fixed frequency 

shift. Given a core signal with Sow bandwidth, a dissonant ringing artifact will result from the SSB 

transposition. 
In order to reach the best: possible audio quality, state of the art high quality harmonic HFR 

25 methods employ complex modulated filter banks with very fine frequency resolution and a high de­
gree of oversampling to reach the required audio quality. The fine resolution is necessary to avoid 

unwanted intermodulation distortion arising from the nonlinear treatment of sums of sinusoids. With 

sufficiently narrow subbands, the high quality methods dm at having at most one sinusoid in each 

subband. A high degree of oversampling in time is necessary to avoid alias type distortion, and a cer-

30 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 superimpositions of harmonically related 

sinusoids with frequencies0, 20,3fi, . . . . where O is the fundamental frequency . Upon harmonic 

35 transposition of order , the output sinusoids have frequencies Q^Q,2QfQ,..., which, in case 

0® > I > is only a strict subset of the desired full harmonic series. In terms of resulting audio quality 
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a "ghost" pitch corresponding to the transposed fundamental frequency Qj& will typically be per­

ceived. Often the harmonic transposition results in a "metallic" sounding character of the encoded and 

decoded audio signal. 
In W02G1G/G81892, which is incorporated herein by reference, the method of cross products 

5 was developed to address the above ghost pitch problem in the case of high quality transposition. Giv­

ers partial or transmitted full information on the fundamental frequency value of the dominating har­

monic part of the signal to be transposed with higher fidelity, the nonlinear subband modifications are 

supplemented with nonlinear combinations of at least two different analysis subbands, where the dis­

tances between the analysis subband indices are related to the fundamental frequency. The result is to 

10 regenerate the missing partiais in the transposed output, which however happens at a considerable 

computational cost. 

SUMMARY OF THE INVENTION 
lis view of the above shortcomings of available HFR methods, it is an object of the present in­

vention to provide a more efficient implementation of cross-product enhanced HFR. In particular, it is 

15 an object to provide such a method enabling a high-fidelity audio reproduction at a reduced computa­

tional effort compared to available techniques. 
The present invention achieves at least one of these objects by providing devices and methods 

as set forth in the independent claims. 

In a first aspect, the invention provides a system configured to generate a time stretched 

20 and/or frequency transposed signal from an input signal. The system comprises: 

• an analysis filter bank configured to derive a number Y of analysis 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; 

® a subband processing unit configured to determine a synthesis subband 

25 signal from the Yanalysis subband signals using a subband transposition factor Q and a sub-

band stretch factor 5, at least one of Q and S being greater than one, wherein the subband pro­

cessing unit comprises: 
o a block extractor configured to: 

K i) form Y frames of L input samples, each frame being ex-

30 traded from said plurality of complex-valued analysis samples in an analysis 

subband signal and the frame length being L> I; and 
8 ii) apply a block hop size of h samples to said plurality of 

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

thereby generating a sequence of'ft'^es of iripUrsamples;''' 
35 o a nonlinear frame processing unit configured to generate, on 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: 
B i) the phase of the processed sample is based on the re­

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

5 input samples; and 
• ii) the magnitude of the processed sample is based on the 

magnitude of the corresponding input sample in each of the Y frames of input 

samples; and 

o an overlap and add unit configured to determine the synthesis subband 

10 signal by overlapping 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 transposed signal from the synthesis subband signal. 

The system may be operable for any positive integer value of Y. However, it is operable at 

15 least for Y = 2, 
Is) a second aspect the invention provides method for generating a time-stretched and/or fre­

quency-transposed signal from an input signal. The method comprises: 

• deriving a number Y> 2 of analysis subband signals from the input sig­

nal, wherein each analysis subband signal comprises a plurality of complex-valued analysis 

20 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 bop size of h samples to said plurality of analysis sam-

25 pies, 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 sam­

ple of the frame, wherein, for at least one processed sample: 
30 o the phase of the processed sample is based on the respective phases of 

the corresponding input sample in at least one of the Y frames of input samples; and 

o the magnitude of the processed sample is based on the magnitude of the 

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

® determining the sysithesis subbartd signal by overlapping :md adding the 

35 samples of a sequence of frames of processed samples; and 
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® generating the time stretched and/or frequency transposed signal from 

the synthesis subband signal. 
Here, Y is an arbitrary integer greater than one. The system according to She first aspect is op­

erable to carry out the method at least for Y = 2. 

5 A third aspect of the invention provides a computer program product including a computer 
readable medium {or data carrier) storing software instructions for causing a programmable computer 

to execute the method according to the second aspect. 
The invention is based on the realization that the general concept of cross-product: enhanced 

HFR wili provide improved results when the data are processed arranged in blocks of complex sub-

10 band samples. Inter alias this makes it possible to apply a frame-wise phase offset to the samples, 
which has been found to reduce intermoduiation products in some situations. It is further possible to 

apply a magnitude adjustment, which may lead to similar advantageous effects. The inventive imple­

mentation of cross-product enhanced HFR includes subband block based harmonic transposition, 
which may significantly reduce intermoduiation products. Hence, a filter bank with a coarser frequen-

15 cy resolution and/or a lower degree of oversampling (such as a QMF filter bank) can be used while 

preserving a high output quality, in subband biock based processing, a time block of complex subband 
samples is processed with a common phase modification, and the superposition of several modified 
samples to form an output subband sample has the net effect of suppressing intermoduiation products 

which would otherwise occur when the input subband signal consists of several sinusoids. Transposi-

20 tion based on block based subband processing has much lower computational complexity than high-

resolution transposes and reaches almost the same quality for many signals. 
For the purpose of this disclosure, it is noted that in embodiments where Y> 2, the non-linear 

processing unit uses as input Y "corresponding" frames of input samples in the sense that the frames 

are synchronous or near synchronous. E.g., the samples in the respective frames may relate to time 

25 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 so. Further, the terns 
"frame" will be used interchangeably with "block". Consequently, the "block hop size" snay 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 

30 which case consecutive frames overlap in the sense that an input sample may belong to more than one 

frame. The system does not necessarily generate every processed sample in a frame by determining its 
phase and magnitude based on the phase and magnitude of all Y corresponding frames of input sam­

ples; without departing from the invention, the system may generate the phase and/or magnitude of 

some processed samples based, oo,a smaller,number:,pf:c&reespondmginput,S5imples,,,or,b.ased,o.n.onfe,, 
35 input sample only. 

In one embodiment, the analysis filter bank is a quadrature mirror filter (QMF) bank or pseu-

do-QMF bank with any number of taps and points, It may for instance be a 64-point QMF 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-QMF bank etc. It is known that such filter 

banks may have a relatively coarse frequency resolution and/or a relatively low degree of over-
5 sampling. Unlike the prior art, the invention may be embodied using such relatively simpler compo­

nents without necessarily suffering from a decreased output quality; hence such embodiments repre­

sent an economic advantage over the prior art. 
In one embodiment, one or more of the following is true of the analysis filter bank: 

® sm analysis time stride is AtA; 

10 ® an analysis frequency spacing is &fA; 

® the analysis filter bank includes N> I analysis subbands indexed by an 

analysis subband index n — 0,.,,, /V — 1; 

* an analysis subband is associated with a frequency hand of the input sig­

nal. 
15 In one embodiment, one or more of the fo] lowing is true of the synthesi s filter bank: 

» a synthesis time stride is Ats; 

* a synthesis frequency spacing is Af s ; 

« the synthesis filter bank includes M > 1 synthesis subbands indexed by a 

synthesis subband index m 0M — I; 

20 ® a synthesis subband is associated with a frequency band of the time-

stretched and/or frequency-transposed signal. 
In one embodiment, the nonlinear frame processing unit is adapted to input two frames (Y- 2) 

in order to generate one frame of processed samples, and the subband processing unit includes a cross 
processing control unit for generating cross processing control data. By thereby specifying the quanii-

25 tative and/or qualitative 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 signal. In other words, the indices identifying the 
subbands may differ by an integer approximating the ratio of such fundamental frequency divided by 

the analysis frequency spacing. This-will lead to a psychoacoustically pleasing output, as the new 
30 spectral components generated by the harmonic transposition will be compatible with the series of 

natural harmonics. 
In a further development of the preceding embodiment, the (input) analysis and (output) syn­

thesis subband indices are chosen so as to satisfy equation (16)'Below.' A' parameter a appemrig m this 

equation makes it applicable to both oddly and evenly stacked filter banks. When subband indices 

35 obtained as an approximate (e.g., least squares) solution to equation (16), the new spectral component 
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obtained by harmonic transposition will be. likely to be compatible with the series of natural harmon­

ics, Hence, the HFR will be likely to provide a faithful reconstruction of an original signal which has 

had its high-frequency content removed. 

A further development of the. preceding embodiment provides a way of selecting parameter r 
5 appearing in equation (16) 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 «], n2. This further development assesses the magnitudes of the two subbands for a number of r 

options and selects that value which gives maximizes the minimum of the two analysis subband mag­

nitudes. This way of selecting indices may avoid the need to restore sufficient magnitude by amplify-

10 ing weak components of the input signal, which may lead to poor output quality. In this connection, 

the subband magnitudes may be computed in a manner per se known, such as by the square root of 

squared input samples forming a frame (block) or part of a frame. A subband magnitude may also be 
computed as a magnitude of a central or near-central sample in a frame. Such a computation may pro­

vide a simple yet adequate magnitude measure. 

15 In a further development of the preceding embodiment, a synthesis subband may receive con­

tributions from harmonic transposition instances according to both direct processing and cross-product 
based processing. In this connection, decision criteria may be applied to determine whether a particu­

lar possibility of .regenerating a missing partial by cross-product based processing is to be used or not. 
For instance, this further development may be adapted to refrain from using one cross subband pro-

20 cessing unit if one of the following conditions is fulfilled: 
a) the ratio of the magnitude Ms of the direct source term analysis subband yielding the syn­

thesis subband and the least magnitude Mc 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 
25 unit; 

c) a fundamental frequency fis is smaller than the analysis filter bank spacing i\fA. 
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 samples in a subband, as may be effected by the block extractor, 

30 In a further development of the preceding embodiment, the downsampling factors to be ap­
plied satisfy equation (15) below. Not both downsampling factors are allowed to be zero, as this corre­

sponds to a trivial case. Equation (15) defines a relationship between the downsampling factors D|, Dz 

with the subband stretch factor S and the subband transposition factor Q, and further with phase coef-

.,,ficients,Ti,,.T2.:Sppeari-ng,in.,aiL:e.xp.ression,(,13),fQr,determii]dng,11i&.,phase,of.,a,pr.Qcessed.sample».Tl.li.s,,,. 
35 ensures 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. 
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In one embodiment, ihe frames of processed samples are windowed before they are over­

lapped and added together. A windowing unit may be adapted to apply a finite-length window func­
tion to frames of processed samples, Suitable window functions are enumerated in the appended 
claims. 

5 The inventor has realized that cross-product methods of the type disclosed in 

W02G1Q/081892 are not entirely compatible with subband block based processing techniques from 

the outset, Although such a method may be satisfactorily applied to one of the subband samples in a 

block, it might lead to aliasing artifacts if it were extended in the straightforward manner to the other 

samples of she block. To this end, one embodiment applies window functions comprising window 

SO samples which add up - when weighted by complex weights and shifted by a hop size - to a substan­
tially constant sequence. 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. 
15 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 propor­

tional to the order of the cross-product transposition to be applied and/or to the physical transposition 
parameter and/or to the difference of the downsampling factors and/or io the analysis time stride. The 

20 phase rotation may be given by equation (21), at least in an approximate sense. 
In one embodiment, the present invention enables cross-product enhanced harmonic transposi­

tion by modifying the synthesis windowing in response to a fundamental frequency parameter. 
In one embodiment, successive frames of processed samples are added with a certain overlap. 

To achieve the suitable overlap, the frames of processed frames are suitably shifted by a hop size 

25 which is the block hop size h upscaied by the subband stretch factor S. Hence, if the overlap of con­

secutive frames of input samples isL- h, then the overlap of consecutive frames of processed samples 

may be S(L - h). 
In one embodiment, the system according to the invention is operable not only to generate a 

processed sample on the basis of 2 input samples, but also on the basis of Y— 1 sample only. 

30 Hence, the system may regenerate missing partials not only by a cross-product based approach (such 
as by equation (13)) but also by a direct subband approach (such as by equation (5) or (11)). Prefera­
bly, a control unit is configured to control the operation of the system, including which approach is to 

be used to regenerate a particular missing partial. 
•••.•.In-a:-ftirther-devslepment-of:the.-preceding-.embodiment»,.the.system.is further adapted.to.gener-,,, 

35 ate a processed sample on the basis of more than three samples, i.e., for Y> 3, For instance, a pro­

cessed sample may be obtained by multiple instances of cross-product based harmonic transposition 

may contribute to a processed sample, by multiple instances of direct subband processing, or by 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 method according to the second aspect of the invention for Y- .3, 4, 5 etc. 
One embodiment is configured to determine a processed sample as a complex number having 

5 a magnitude which is a mean value of the respective magnitudes of corresponding input samples. 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 p and 1 - p, as in equation (13), Here, the geometrical 

10 magnitude weighting parameter p is a real number inversely proportional to the subband transposition 

factor Q. The parameter p may further be inversely proportional to the stretch factor S. 
In one embodiment, the system is adapted to determine a processed sample as a complex 

number having a phase which is a linear combination of respective phases of corresponding input 
samples in the frames of input samples. In particular, the linear combination may comprise phases 

15 relating to two input samples (Y - 2). The linear combination of two phases may apply integer non­

zero coefficients, the sum of which is equal to the stretch factor S multiplied by the subband transposi ­

tion factor Q. Optionally, the phase obtained by such linear combination is further adjusted by a fixed 

phase correction parameter. The phase of the. processed sample may be given by equation (13). 
In one embodiment, the block extractor (or an analogous step in a method according to the in-

20 vention) is adapted to interpolate two or snore analysis samples from an analysis 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 non-integer factor. The analysis samples to be interpolated 
may or may not be consecutive, 

In one embodiment, the configuration of the subband processing may be controlled by control 

25 data provided from outside the unit effecting the processing. The control data may relate to momen­

tary acoustic properties of the input signal. For instance, the system itself may include a section 

adapted to determine momentary acoustic properties of the signal, such as the (dominant) fundamental 

frequency of the signal. Knowledge 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 

30 analysis subbands is proportional to such fundamental frequency of the input signal. As an alternative, 
the control data may also be provided from outside the system, preferably by being included in a cod­
ing format suitable for transmission as a bit stream over a digital communication network. In addition 

to the control data, such coding format may include information relating to lower-frequency compo­
ses ts:of.a signal,(e.g.,,eompoEients.atpas.-JOlJii.JBIg.Jj.JHQw.e^er.in^^ 

35 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 to receive such control data, 
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whether included in a received bit stream that also encodes the input signai or received as a separate 

signal or bit stream. 
One embodiment provides a technique for efficiently carrying out computations occasioned 

by the inventive method. To this end, a hardware implementation may include a pre-normalizer for 

5 rescaiing the magnitudes of the corresponding input samples in some of the Y frames on which a 

frame of processed samples are to be based. After such rescaiing, a processed sample cats be computed 

as a (weighted) complex product of reseated and, possibly, non-rescaled input samples. An input, sam­

ple appearing as a rescaled factor in the product normally need not reappear as a non-rescaled factor. 

With the possible exception of the phase correction parameter 0. it is possible to evaluate equation 

30 (13) as a product of (possibly rescaled) complex input samples. This represents a computational ad­

vantage in comparison with separate treatments of the magnitude and the phase of a processed sample. 

In one embodiment, a system configured for the case Y - 2 comprises two block extractors 
adapted to form one frame of input samples each, in parallel operation. 

In a further development of the embodiments representing Y > 3, a system may comprise a 

15 plurality of subband processing units, each of which is configured to determine an intermediate syn­

thesis subband signal using a different subband transposition factor and/or a different subband stretch 

factor and/or transposition method differing by being cross-product based or direct. The subband pro­

cessing units may be arranged in parallel, for parallel operation, in this embodiment, the system may 

further comprise a merging unit arranged downstream of the subband processing units and upstream of 

20 the synthesis filter bank. The merging unit may be adapted to merge (e.g., by mixing together) corre­
sponding intermediate synthesis subband signals to obtain the synthesis subband signai. As already 
noted, the intermediate synthesis subband which are merged may have been obtained by both direct 
and cross-product based harmonic transposition. A system according to the embodiment may further 
comprise a core decoder for decoding a bit stream into an input signai. It may also comprise a HER 

23 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 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. In one 

possible implementation for processing an input signal with a plurality of channels, the processed 

30 samples of each channel are based on the same number of input samples although the stretch factor S 
and transposition factor Q for each band may vary between channels. To this end, the implementation 

may comprise an analysis filter bank for producing Y analysis subband signals from each channel, a 

subband processing unit for generating Z subband signals and a synthesis filter bank for generating Z 

•time stretched and/'or frequency transposed signals,which,forni.the.,output .signal,, 
35 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 amount of computational resources to HFR of acoustically prominent channels; e.g., 
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channels to be reproduced by audio sources located in front a listener may he favored over surround or 

rear channels. 
It is emphasized that the invention relates to all combinations of the above features, even if 

these are recited in different claims. 

5 BRIEF DESCRIPTION OF THE DRAWINGS 

The present invention will now be described by way of illustrative examples, not limiting the 

scope or spirit of the invention, with reference to the accompanying drawings. 

Fig. i illustrates the principle of subband block based harmonic transposition. 
Fig. 2 illustrates the operation of nonlinear subband block processing with one subband input. 

10 Fig. 3 illustrates the operation of nonlinear subband block processing with two subband in­
puts. 

Fig. 4 illustrates 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 

15 using several orders of transposition in a HFR enhanced audio codec. 

Fig. 6 illustrates 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

tion method. 
20 Fig, 9 shows a detail of the non-linear processing unit of Fig. 2, including a pre-normalizer 

and a multiplier. 
DESCRIPTION OF PREFERRED EMBODIMENTS 

The embodiments described below are merely illustrative for the principles of the present in­

vention CROSS PRODUCT ENHANCED SUBBAND SLOCK BASED HARMONIC TRANSPOSITION. it is 
25 understood that modifications and variations of the arrangements and the details described herein wiil 

be apparent to others skilled in the art. It is the intent, 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, 1 illustrates the principle of subband block based transposition, time stretch, or a combi-

30 nation of transposition and time stretch. The input time domain signal is fed to an analysis filter bank 
101 which provides a multitude of complex 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 

cart either be obtained from the processing of one or from two input subbands. or even as a superposi-

tionoftheresultoC several,suchprocessedsubbands. Themultitude.ofcompiex,yalued,putput sub-... 

35 bands is fed to a synthesis filter bank 103, which in turn outputs the modified time domain signal. The 

optional control data 104 describes the configuration and parameters of the subband processing. 
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which may be adapted to the signai to be transposed. For the case of cross product enhanced transpo­

sition, this data may cany information relating to a dominating fundamental frequency. 

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

Given the target values of physical tires stretch and transposition, and the physical parameters of the 

5 analysis 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 stretch, or a combination of 
transposition and time siretch of the complex valued source subband signal in order to produce the 

target subband signal. 
10 A block extractor 201 samples a finite frame of samples from the complex valued input sig­

nal, The frame is defined by an input pointer position and the subband transposition factor. This 

frame undergoes nonlinear 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 previously output samples in an overlap and add unit 204 where the output frame position is 

15 defined by an output pointer position. The input pointer is incremented by a fixed amount and the 
output 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 

times the input subband signal duration, up to the length of the synthesis window, and with complex 

frequencies transposed by the subband transposition factor. The control signal 104 may influence 

20 each of the three sections 201,202, 203. 
Fig. 3 illustrates 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 banks 101 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 linear subband block processing is to be used for creation of missing partiais through cross product 

addition, the configuration of sections 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 block- processing is to realize the corresponding transposition, time stretch, or a combination 

of transposition and time stretch of the combination of the two complex valued source subband sig-
30 nais in order to produce the. target subband signal. A first block extractor 301-1 samples a finite time 

frame of samples from the first complex valued source subband, and the second block extractor 301-2 

samples a finite frame of samples from the second complex valued source subband. The frames are 

defined by a common input pointer position and the subband transposition factor. The two frames 

undergo Bstilinear pro£;essing: in-302 and are subsequently-windo wed .by-a-finite.-length .window, in ,,, 

35 windowing section 303, The overlap and add unit 204 may have a similar or identical structure to 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 

11 
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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 transposed by the subband transposition factor. In the case 
that the two subband signals carry different frequencies, the present invention teaches that the win­

dowing 303 can be adapted to generate at! output signal which has a target frequency suitable for the 

5 generation of missing partials in the transposed signal. 
Fig. 4 illustrates the principle of cross product enhanced subband block based transposition, 

time stretch, or a combination of transposition 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 sub-
band processing unit 402. is also fed with the multitude of complex valued subband signals, and its 

10 operation is influenced by the cross processing control data 403. The cross subband processing unit 
402 performs nonlinear subband block processing of the type with two subband inputs described in 

Fig 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 input pointer position and con­

sists of at least 

15 ® a selected list of target subband indices; 

® 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 a 
portion of the control data 104 describing a fundamental frequency and the multitude of complex 

20 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 product processing. 
In the following text, a description of principles of cross product enhanced subband block 

based time stretch and transposition will be outlined with reference to Figs. 1-4, and by adding ap­

propriate mathematical terminology. 
25 The two main configuration parameters of the overall harmonic transposer and/or time 

stretcher are 

« Sv : the desired physical time stretch factor; and 

* fip : the desired physical transposition factor. 

The filter bank s 101 and 103 can be of any complex exponential modulated type such as 
30 QMF or a windowed DFF or a wavelet transform. The analysis filter hank 101 and the synthesis filter 

bank 103 can be evenly or oddly stacked in 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 in 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 Afs / &tA and 

35 Afs / A/4 of the following four filter bank parameters, all measured in physical units. In the above 

quotients, 
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® A(A is the subband sample lime step or time stride of the analysis filter 

bank 101 (e.g. measured in seconds [s]); 

® AfA is the subband frequency spacing of the analysis filter bank 10 3 

(e.g. measured in Hertz [1/s]): 

5 ® Afs is the subband sample time step or time stride of the synthesis filter 

bank 103 (e.g. measured in seconds [s]); and 

® Afs is the subband frequency spacing of the synthesis filter bank 103 

(e.g. measured in Hertz [1/sj). 
For the configuration of the subband processing unit 102, the following parameters should be 

10 computed: 

• S: the subband stretch factor, i.e. the stretch factor which is applied 

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

achieve an overall physical time stretch of the time domain signal by S ; 

* Q : the subband transposition factor, i.e. the transposition factor which 

15 is applied within the subband processing unit 102 in order to achieve an overall physical fre­

quency transposition of the time domain signal by the factor Q9; and 

» the correspondence between source and target subband indices, wherein 

n denotes an index of an analysis subband entering the subband processing unit 102, and m 
denotes an index of a corresponding synthesis subband at the output of the subband pro-

20 cessing unit 102. 

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

analysis filter bank 101 of physical duration D corresponds to a number D! AtA of analysis subband 

samples at the input to the subband processing unit 102. These DI&tA samples will be stretched to 

S • B! &iA samples by the subband processing unit 102 which applies the subband stretch factor S. 

25 At the output of the syTiihesis filter bank 103 these S • D/&tA samples result in an output signal hav­

ing a physical duration of A^. • S • Di&lA , Since this latter duration should meet the specified value 

Sv-D, i.e. since the duration of the time domain output signal should be time stretched compared to 

the time domain input signal by the physical time stretch factor Sp, the following design rule is ob­

tained: 

30 S=~LSt> . (1) 
.At#,.: 

In order to determine the subband transposition factor Q which is applied within the subband 

processing unit 102 in order to achieve a physical transposition Op, it is observed that an input sinus­
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oid to the analysis filter bank 101 of physical frequency Q. will result in a complex analysis subband 

signal with discrete time angular frequency m-2jt£l - AtA and the main contribution occurs within 

the analysis subband with index n ••= Q.i&fA . An output sinusoid at the output of the synthesis filter 

bank 103 of the desired transposed physical frequency Q(, Q. will result from feeding the synthesis 

5 subband with index m ~ Q9 -0/A/s with a complex subband signal of discrete angular frequency 

2• CI • Ats, In this context, care should be taken in order to avoid the synthesis of aliased output 

frequencies different from g -Q. Typically this can be avoided by making appropriate second order 

choices as discussed, e.g. by selecting appropriate atsalysis and/or synthesis filter banks. The discrete 

frequency 2 • CI • Ats at the output of the subband processing unit 102 should correspond to the 

10 discrete time frequency ft) ••• 2xCl • AtA at the input of the subband processing unit 102 multiplied by 

the subband transposition factor Q . I.e., by setting equal 2ffQQAtA and laQ -Cl- Ats, the follow­

ing relation between the physical transposition factor Q and the subband transposition factor Q may­

be determined: 

Q=:-~JLQV • (2) 
AtA 

15 Likewise, the appropriate source or analysis subband index n of the subband processing unit 

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

Afs 1 ,.v m , <3 > 
4f, G, 

In one embodiment, it holds that Afs 1 Af A » , i.e. the frequency spacing of the synthesis 

filter bank 103 corresponds to the frequency spacing of the analysis filter bank 101 multiplied 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 details 

of the filter bank parameters. In particular, if the fraction of the frequency spacing of the synthesis 

filter bank 103 and the analysis filter bank 101 is different from the physical transposition factor Q0, 

one or two source subbands may be assigned to a given target subband. In the case of two source 

25 subbands, it may be preferable to use two adjacent source subbands with index ti. n+ Irrespectively. 

Thai is, the first and second source subbands are given by either (n(m),n(m) + l)oT («(/»)-<-i ,«(>»)). 

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

function of the subband processing parameters S and O . Let. x(k) be the input signal to the block 

extractor 201, and let/?be the input block stride. I.e., x(k) is a complex valued analysis subband sig-

30 aal of an analysis subband with index n. The block extracted by the block extractor 201 can without 

loss of generality be considered to be defined by the L — R+ Rz samples 
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xi(k) = x(Qk + hl), k = ~R,...R2-l , (4) 

wherein the integer I is a block counting index, L is the block length and Rt,R7 are 

nonnegative integers. Note that for Q = 1»she block is extracted from consecutive samples but for 

g > L a downsampling is performed in such a manner that the input addresses are stretched out by 

5 the factor Q . If Q is an integer this operation is typically straightforward to perform, whereas an 

interpolation method may be required for non-integer values of O . This statement is relevant also for 

non-integer values of the increment h, i.e. of the input block stride. In an embodiment, short interpo­

lation filters, e.g. filters having two filter taps, can be applied to the complex valued subband signal. 

For i rsstance, if a sample at the fractional time index k + 0.5 is required, a two tap interpolation of the 

10 form x(k 4- 0.5) ~ ax(k) + bx(k +1}, where the coefficients a, b may be constants or may depend on a 

subband index (see, e.g., WQ2004/097794 and W02007/085275), may ensure a sufficient quality. 

An interesting special case of formula (4) is R^-Q ,R, - I where the extracted block consists 

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

15 tude of the complex number and Zz is the phase of the complex number, the nonlinear processing 

unit 202 producing the output frame v, from the input frame xt is advantageously defined by the 

phase modification factor 7 ~SQ through 

20 spends to a pure phase modification of the extracted block. A particularly attractive value of the mag­

nitude weighting is p=l-l/T for which a certain computational complexity relief is obtained irre­

spectively of the block length L, and the resulting transient response is somewhat improved over the 

case p-0. The phase correction parameter $ depends on the filter bank details and the source and 

target subband indices. In an embodiment, the phase correction parameter 9 may be determined ex-

25 perimentally by sweeping a set of input sinusoids. Furthermore, the phase correction parameter 

& may be derived by studying the phase difference of adjacent target subband complex sinusoids or 

by optimizing the performance for a Dirae pulse type of input signal. Finally, with a suitable design 

of the analysis and synthesis filter banks 101 and 103, the phase correction parameter 8 may be set to 

zero, or omitted. The phase modification factor T should be an integer such that the coefficients 

" "30"" " " " TI'Md'T'"'are' 'integers""in" 
assumption, i.e. with the assumption that the phase modification factor T is an integer, the result of 

With the polar representation of a complex number z ~ UJexpO'Zz), wherein jsj is the magni 

(5) 

where pe[0,i] is a geometrical magnitude weighting parameter. The case p ~ 0 corre-
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the nonlinear modification is well defined even though phases are ambiguous by identification modu­

lo 2 K . 
In words, formula (5) specifies that the phase, of an output frame sample is determined by off­

setting the phase of a corresponding input frame sample by a constant offset value. This constant off-

5 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 particular input frame sample is 

kept fixed for the determination of the phase of all the output frame samples of a given block. In the 

ease of formula (5), the phase of the center sample of the input frame is used as the phase of the par-

10 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
nitude of a sample of the output frame may depend on the magnitude of a particular input frame sam­
ple, This particular input frame sample may be used for the determination of the magnitude of all the 

15 output frame samples. In the case of formula (5), the center sample of the input &ame is used as the 
particular input frame sample. In an embodiment, the magnitude of a sample of the output frame may 
correspond to the geometrical mean of the magnitude of the corresponding sample of the input frame 

and the particular input frame sample. 

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

20 in the windowed output frame 

z,(fc) ~ w(k)y,(k), k=-Ri,...R2-1 . (6) 

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

204 is defined by 

z(k) ••• T z, (k - Shi), (7) 
I 

25 wherein it should be noted that the overlap and add unit 204 applies a block stride of Sh, i.e., 

a time stride which is S times higher than the input block stride h, Due to this difference in time 

strides of formula (4) and (7) the duration of the output signal z(k) is S times the duration of the 

input signal x(k), i.e., the synthesis subband signal has been stretched by the subband stretch factor 

S compared to the analysis subband signal. It should be noted that this observation typically applies if 
30 the length L of the window is negligible in comparison to the signal duration. 

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

analysis subband signai corresponding to a complex sinusoid 
j{k} - C cxpYift*. (81 

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

35 cessing 102, i.e. the corresponding synthesis subband signal, is given by 
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z{k) Z.C + &Qs^c]^^w{k — Ski) . (9) 

independently of p. Hence, a complex sinusoid of discrete time frequency © will be trans­

formed into a complex sinusoid with discrete time frequency QOJ provided the symhesis window 

shifts with a stride of Sh sum up to the same constant value K for all k , 

Y,Mk-Shl) = K . (10) 
I 

It is illustrative to consider the special case of pure transposition where S = 1 and T — Q.lf 

the input biock stride is h ~ 1 and Rs 0, R} --1, all the above, i.e. notably formula (5), reduces to the 

point-wise or sample based phase modification rale 

Zz(k) TZx(k) + $1 
, (11) 
\z(k,)\ — i.<c(&)j 

10 The subband processing unit 102 may use the control data 104 to set certain processing pa­

rameters, e.g. the block length of the block extractors. 
In the following, the description of the subband processing wiil be extended to cover the case 

of Fig. 3 with two subband inputs. Let xm(k) be the input subband signal to the first block extractor 

301-1 and let xu) (k) be the input subband signal to the second block extractor 301 -2. Each extractor 

15 can use a different downsampling factor, leading to the extracted blocks 

fxti; (k) x1' (D,k + hi) | 1 ' ' • I k = -Rt,...R,-l . (12) 

The nonlinear processing 302 produces She output frame y, and may be defined by 

(Zy,(k) = 7]Zx}l)(k) -f T,Zx?'(k)+ #} 
i ' - , (13) 
i j.y,(fe)| |xf'(*)r J 

the processing in 303 is again described by (6) and (7) and 204 is identical to the overlap and 

20 add processing described in She context of the single input case. 

The definition of she nonnegative real parameters D,,D~, p and the nonnegative integer pa­

rameters 7|, T2 and the synthesis window wnow depends on the desired operation mode. Note that if 

the same subband is fed to both inputs, xm(k) = xiAy(k) arid Dt—Q>D1 =0, 7j =1, Tt = 7"—l.the 

operations in (12) and (13) reduce to those of (4) and (3) in the single input case, 

25 In one embodiment, wherein the ratio of the frequency spacing Afs of the synthesis filter 

bank 103 and the frequency spacing AfA of the analysis filter bank 101 is different from the desired 

physical transposition factor Q , it may be beneficial to determine the samples of a synthesis sub-

band with index m from two analysis subbands wish index n, n -r 1, respectively. For a given index m, 
the corresponding index n may be given by the integer value obtained by truncating the analysis index 
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value n given by formula (3), One of the analysis subband signals, e.g., the analysis subband signal 

corresponding to index n, is fed into the first block extractor 303-1 and the other analysis subband 
signal, e.g. the one corresponding to index n -i-1, is fed into the second block extractor 301-2. Based 

on these two analysis subband signals a synthesis subband signal corresponding to index m is deter-

5 mined in accordance with the processing outlined above. The assignment of the adjacent analysis 

subband signals to the two block extractors 301-1 and 302-1 may be based on the remainder that is 

obtained when truncating the index value of formula (3), i.e. the difference of the exact index value 
given by formula (3) and the truncated integer value n obtained from formula (3), If the remainder is 

greater than 0.5, then the analysis subband signal corresponding to index n may be assigned to the 
10 second block extractor 301-2, otherwise this analysis subband signal may be assigned to the first 

block extractor 301-1, In this operation mode, the parameters may be designed such that input sub-

band signals sharing the same complex frequency ©, 

jxw{k) = C.exp(i6)k)"! 
[ (k) ~ C2 exp(saffe)j 

lead to an output subband signal being a complex sinusoid with discrete time frequency Q(o, 

15 it turns out that this happens if the following relations hold: 

For the operation mode of generating missing partials by means of cross products, the design 

criteria are different. Returning to the physical transposition parameter Q , the aim of a cross product 

addition is to produce output at the frequencies Q^ + rSl0 for r = L...,Q?,-1 given inputs at fre-

20 quencies SI and £1 + Q0, where Q0 is a fundamental frequency belonging to a dominant pitched 

component of the input signal. As described in WG2010/081892, the selective addition of those terms 

will result in a completion of the harmonic series and a significant reduction of the ghost pitch arti-

25 Given a target output subband index >n, the parameter r 1,..., Q -1 and the fundamental frequency 

Q0, one. can deduce appropriate source subband indices n. and n2 by solving the following system of 

equations in an approximate sense, 

lQ=TA+T2D2 \ 
\sQ = Tt+T2 j 

(15) 

fact. 

A constructive algorithm for operating the cross processing control 404 will now be outlined. 

tti: 4: 

(16) 

] 
i••• <?' •M* 
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where a —1/2 for oddly stacked filter bank modulation (as typically used for QMF and 

MDCT filter banks) and t7 •--- 0 for evenly stacked filter bank modulation (as typically used for FFT 

filter banks) , 

With the definitions 

5 « p ~Q(JAf A : the fundamental frequency measured in units of the anal­

ysis filter bank frequency spacing; 

• F = A/s, !&fA: the quotient of synthesis to analysis subband frequency 

spacing: and 

» ::: —Lk. - fJ- ; []le rea]i valued target for an integer valued o* 
10 lower source index, 

an example of advantageous approximate solution to (16) is given by selecting », as the inte­

ger closest to nf, and n, as the integer closest to n! + p . 

if the fundamental frequency is smaller than the analysis filter bank spacing, thai is if p < 1, 

it may be advantageous to cancel the addition of a cross product, 
15 As it is taught in W02010/081892, a cross product should not be added to an output subband 

which already has a significant main contribution from the transposition without cross products. 

Moreover, at most one of cases r 1,.,.. -1 should contribute to the cross product output. Here, 

these rules may be carried out by performing the following three steps for each target outpiit subbiffld 

index m : 

20 1. Compuie the maximum Mc over all choices of -I of the 

minimum of the candidate source subband magnitudes U(i)j and j.«p,| evaluated in (or from a 

neighborhood of) the central time slot k = hi, wherein the source subbands xU) and r2! may 

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

2. Compute the corresponding magnitude Ms for the direct source term Uj 

F 25 obtained from a source subband with index n ~ —m (cf, eq, 3); 
Gf, 

3, Activate the cross term from a winning choice for Mc its point 1 above 

only if Mc > qM s, where q is a predetermined threshold value. 

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

,,.,:sion:paranKters.,Dne:sueh.,variation-is,to,repIaee,the.,haM-thresholding.M,point 

30 pending on the quotient Mc / Ms. Another variation is to expand the maximization in point 1 to snore 

than Qp -1 choices, for example defined by a 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 magnitudes, such as the magnitude of a fixed sample, a maximal magnitude, an aver­

age magnitude, a magnitude in f-norro sense, etc. 

The list of target source bands m selected for addition of a cross product together with the 

5 values of n. and n7 constitutes a main part of the cross processing control data 403. What remains to 

be described is the configuration parameters Di, D2, p, the nonnegative integer parameters T} ,T} 

appearing in the phase rotation (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: 

I x'1' (k) •••••• C, exp(isfk) 1 
10 1 I (37) 

= C2 exp(s'(®-f 

where e>=2KQ.AtA and iSf, = 2&£lB&tA . likewise, the desired output subband is of the form 

j(&) = C3exp[ig(f»+>"ffij)/gf,)&] • (18> 

Computations reveal that this target output can be achieved if (15) is fulfilled jointly with 

T r (19) 
Tt+T2 Q, 

15 The conditions (15) and (19) are equivalent to 

-• (.Q,? r)&„ 

< T2 = rSy } , (20) 
i(e,-'-)D1+rD2=fi;/J 

which defines the integer factors Tt, T2 for the phase modification in (13) and provides some 

design freedom in setting the values of downsampling factors D-, l)2, The magnitude weighting pa­

rameter may be advantageously chosen to p rtQ , As can be seen, these configuration parameters 

20 only depend on the fundamental frequency £10 through the selection of r, However, for (18) to hold, 

a new condition on the synthesis window w emerges, namely 

ji w(k - Shi)K, with :j 

| w(v) = vt<y) exp(iarv), }• > (21) 
r(Q,, - r) I a-2*p 7' '-(/>. 

£4 ]• 
A synthesis window w which satisfies (21) either exactly or approximately is to be provided 

as the last piece of cross processing control data 403, 

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

basis of input parameters, such as a target output subband index m and a fundamental frequency Sle, 
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is of a purely exemplifying nature and as such does not limit the scope of the invention. Variations of 

this disclosure, within the skilled person's knowledge and routine experimentation - e.g., a further 
subband block based processing method providing a signal (18) as output in response to input signals 

(17)- fall entirely within the scope of the invention. 

5 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 fs. The low bandwidth decoded core signal is resampled to the output sampling frequency 
2fs by means of a complex modulated 32 band QMF analysis bank 502 followed by a 64 band QMF 

10 synthesis bank (Inverse QMF) 505. The two filter banks 502 and 505 share the same physical pa­

rameters &ts = AIA and 4fs - AfA, and the HFR processing unit 504 simply lets through the unmodi­

fied lower subbands corresponding to the low bandwidth core signal. The high frequency content of 

the output signal is obtained by feeding the higher subbands of the 64 band QMF synthesis bank 505 
with the output bands from a multiple transposer unit 503, subject to spectral shaping and modifiea-

15 lion performed by a HFR processing unit 504. The multiple transposer 503 takes as input the decoded 

core signal and outputs a multitude of subband signals which represent the 64 QMF band analysis of 

a superposition or combination of several transposed signai components. The objective is that if the 
HFR processing is bypassed, each component corresponds to an integer physical transposition with­

out time stretch of the core signal ( Ql? - 2,3,..., and S =1). fit the inventive scenario, the transposer 

20 control signal 104 contains data describing a fundamental frequency. This data can either be transmit­
ted via the bitstream from the corresponding audio encoder, deduced by pitch detection in the decod­

er, or obtained from a combination of transmitted and detected information. 
Fig. 6 illustrates 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-

25 tiers Q = 2,3,4 are to be produced and delivered in the domain of a 64 band QMF 

operating at output sampling rate 2fs , The merge unit 603 simply selects and combines the 

relevant subbands from each transposition factor branch into a single multitude of QMF sisbbands to 
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 602- Q¥, and a 64 band QMF synthesis 505 re-

30 suits in a physical transposition of Q with S = 1 (i.e. no stretch). Identifying these three blocks with 

101, 102 and 103 of Fig. I, one finds that &iA - (Afs and &fA= /s/128 so Ats/£tA =1/2 and 

F ~ A/s / 4/4 = 2 , A design of specific configuration parameters for 602- Q will be described sepa­

rately for each case Q(, = 2,3,4. For all cases, the analysis stride is chosen to be h = 1, and it is as­

sumed that the normalized fundamental frequency parameter p £l0Ii\fA = 128O0 / fs is known. 
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Consider first the case Q ~ 2. Then 602-2 has to perform a subband stretch of S ~ 2, a sub-

band transposition of Q -1 (i.e. none) and the correspondence between source n and target subbands 

m is given by n --- m for She direct subband processing, In the inventive scenario of cross product 

addition, there is only one type of cross product to consider, namely r = l (see above, after equation 

5 (15)), and the equations (20) reduce to T, ~ T2 1 and Dl + D2 = 1. An exemplary solution consists of 

choosing Dt = 0 and D2~ 1. For the direct processing synthesis window, a rectangular window of 

even length L = 10 with /<f, =/f2 =5 may be used as it satisfies the condition (10), For the cross pro­

cessing synthesis window, a short L - 2 tap window can be used, with Rt ~R2 ~ 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 in the case of complex audio signals, 

where unwanted intermoduiation terms are suppressed; for the case of a dominant pitch, such artifacts 

are less probable to occur. The L-2 tap window is the shortest one that can satisfy (10) since h -1 

and S-2. By the present invention, however, the window advantageously satisfies (21). For the 

parameters at hand, this amounts to 

f sv(--l) =: H'(0) 
15 < W(K) - w(v)exp(i£?v)! • , 

\a~npi2 

which is fulfilled by choosing w(0) = l and vi'(-l) = exp(icr) - expiiszp i 2). 

For the case Qf>=3 the specifications for 602-3 given by (l)-(3) are that it has to perform a 

subband stretch of 5 = 2, a subband txansposition of Q- 3/2 and that the correspondence between 

source n and target m subbands for the direct term processing is given by n ~ 2m! 3. There are two 

20 types of cross product terms r —1,2., and the equations (20) reduce to 

/; :: 3 — r 
' T2 r 

(3 -r)D, +rDz =3/2 

An exemplary solution consists of choosing the downsampling parameters as 

® D, := 0 and IX = 3 / 2 for r = 1; 

® D} == 3 i 2 and IX ~ 0 for r = 2, 

25 For the direct processing synthesis window, a rectangular window of even length L = 8 with 

R) = R2 = 4 may be used. For the cross processing synthesis window, a short L - 2 tap window can 

be used, with Rt=R2 = 1, and satisfying 
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I w(-l) = w(0) 
< H(V) = w(v')exp(iav\ 

J 5-

which is fulfilled by choosing w(Q) = 1 and w(—1) — exp(iar). 

For the case 0 -4, she specifications for 602-4 given by (l)-(3) sire that it has to perform a 

subband stretch of S ~ 2, a subband transposition of 0 = 2 and that the correspondence between 

5 source n and target subbands m for the direct term processing is given is by « « 2m. There are three 

types of cross product terms r = 1,2,3, and the equations (20) reduce to 

® D, = 2andD, =0 for r=3; 

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

R. = 3 may be used. For the cross processing synthesis window, a short L ••• 2 tap window can be 

used, with K - R, = 1, and satisfying 

which is fulfilled by choosing w(0):::: 1 and w(-l) = exp(Ja). 

In each of the above cases where more than one r value is applicable, a selection will take 

place, e.g., similarly to she three-step procedure described before equation (17). 
Fig, 7 depicts the amplitude spectrum of a harmonic signal with fundamental frequency 

20 Oo = 564.7 Hz. The low frequency part 701 of the signai is to be used as input for a multiple trans-

poser. The purpose of the transposer is to generate a signai as close as possible 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 economically. 
Fig. 8 depicts the amplitude spectrum of outputs from a transposer which has the low fre-

25 queney part 701 of the signal of Fig 7 as input. The multiple transposer is constructed by using 64 

band QMF filter banks, input sampling frequency fs = 14400 Hz, and in accordance with the descrip-

jjr«4-r 1 i • -

& = ' 
|(4 — r)D, + rfX — 2 

10 

An exemplary solution consists of choosing 

® ft = 0 and D2 - 2 for r -1; 

® D, 0 and D2 = 1 for r- 2; 
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don of Fig, 5, For clarity however, only the two transposition orders Q = 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 panel 801 depicts the output spectrum obtained if all cross product processing is can-

5 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. Transposition by = 2 generates the output in the 

range from 4 to 8 kHz and transposition by Q -3 genera!es the output in the range from 8 to 12 

kHz. As it can be seen, the created partials are increasingly far apart and the output deviates signifi­
cantly from the target high frequency signal 702. Audible double and triple "ghost" pitch artifacts will 

10 be present in the resulting audio output. 
The middle panel 802 depicts the output spectrum obtained if cross product processing is ac­

tive, the pitch parameter p — Sis used (which is an approximation to = 5.0196), but a sim­

ple two tap synthesis window with w(0) = w(-l) = 1, satisfying condition (10), is used for the cross 

subband processing. This amounts to a straightforward combination of subband block based pro-

15 cessing and cross-product enhanced harmonic transposition. As it can be seen, the additional output 
signal components compared to 801 do not align well with the desired harmonic series. This shows 
that it leads to insufficient audio quality to use the procedure inherited from the design of direct sub-

band processing for the cross product processing. 

20 middle panel 802, but now with the cross subband processing synthesis windows given by the formu­

las described in the cases Q - 2,3 of Fig. 5. That is, a two tap window of the form w(0) = 1 and 

w(-l) - exp(te) 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 combined output signal aligns very well with the. desired 

harmonic series of 702. 
25 Fig. 9 shows a portion of the non-linear processing frame processing unit 202 including sec­

tions configured to receive two input samples u\, and to generate based on these a processed sam­

ple w, whose magnitude is given by a geometric mean of the magnitudes of the input samples and 
whose phase is a linear combination of the phases of the input samples, that is, 

norji5a3izing eaeh of the input saroples at:a respecti ve.preTnoni!alizer .903, .902 .and.mnltiplyirtg... 

outputs w = • Clearly, the operation of the pre-nomializers 901, 902 and the weighted multiplier 

The bottom panel 803 depicts the output spectrum obtained from the same scenario as for the 

30 

j r Q j l ̂  

the pre-normaiized input samples v, =H|/ MJ , v, =M2/ M2 at a weighted multiplier 910, which 
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910 is determined by input parameters a, b, at and p. It is easy to verify that equations (22) will be 

fulfilled if a = r(,P = r2,fl = l-p/T{ ,b — 1 — (l - p) / T2. The skilled person will readily be able to 

generalize this layout to an arbitrary number N0 of input samples, wherein a multiplier is supplied 

with NQ input samples, of which some or all have, undergone pre-normalization. One observes, then, 

5 that a common pre-noraialization (a ~ b, implying that the pre-normalizers 901, 902 produce identi­

cal results) is possible if the parameter p is set to p = I\ /(r, +T2). This results in a computational 

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-
] 0 nates between samples from different subbands in a time-division fashion. 

Further embodiments of the present invention wiil become apparent to a person skilled in the 
art after reading the description above. Even though the present description and drawings disclose 

embodiments and examples, the invention is not restricted to these specific examples. Numerous 

modifications and variations can be made without departing from the scope of the present invention, 

15 which is defined by the accompanying claims. 
The systems and methods disclosed hereinabove may be implemented as software, firmware, 

hardware or a combination thereof. Certain components or all components may be implemented as 

software executed by a digital signal processor or microprocessor, or be implemented as hardware or 

as an application-specific integrated circuit. Such software may be distributed on computer readable 

20 media, which may comprise computer storage 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 

includes both volatile and nonvolatile, removable and non-removable media implemented in any 
method or technology for storage of information such as computer readable instructions, data struc­
tures, program modules or other data. Computer storage media includes, but is not limited to, RAM, 

25 ROM, EEPRQM, flash memory or other memory technology, CD-ROM, digital versatile disks 

(DVD) or other optical disk storage, magnetic cassettes, magnetic tape, magnetic disk storage or other 
magnetic storage devices, or any other medium which can be used to store the desired information 

and which can be accessed by a computer, Further, it is well known to the skilled person that commu­
nication media typically embodies computer readable instructions, data structures, program modules 

30 or-other data in a modulated data signal such as a carrier-wave or other transport mechanism and in­
cludes any information delivery media. 
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1, A system configured to generate a time stretched and/or frequency transposed signal 

from an input signai, the system comprising: 

an analysis filter bank (101) configured to derive a number Y> S of analysis subband 
5 signals from the input signal, wherein each analysis subband signai comprises a plurality of complex-

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

a subband processing unit (102) 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 (102) comprises: 

10 a block extractor (201) configured to: 

i) form Y frames of L input samples, each frame being ex ­

tracted from said plurality of complex-valued analysis samples in an 
analysis subband signal and the frame length being L > 1; and 

is) apply a block hop size of h samples to said plurality of 
15 analysis samples, prior to forming a subsequent frame of L input sam­

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

a nonlinear frame processing unit (202) configured to generate, on the 

basis of F corresponding frames of input samples formed by the block extractor, a 
frame of processed samples by determining a phase and magnitude for each processed 

20 sample of the frame, wherein, for at least one processed sample: 
i) the phase of the processed sample is based on the re­

spective phases of the corresponding input sample in each of the Y 
frames of input samples; and 

ii) the magnitude of the processed sample is based on the 
25 magnitude of the corresponding input sample in each of the Y frames of 

input samples; 

arid 

an overlap and add unit (204) configured to determine the synthesis sub-

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

30 cessed samples; 
and 
a synthesis filter bank (103) 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,. 
35 
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2. The system of claim 1, wherein 

the analysis filter bank (101) is one of a quadrature mirror filter bank, a windowed dis­

crete Fourier transform or a wavelet transform; and 

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

5 
3, 'The system of claim 2. wherein the analysis filter bank (101) is a 64-point quadrature 

minor filter bank and the synthesis filter bank (103) is an inverse 64-point quadrature mirror filter 

bank, 

10 4, The system of any one of the preceding claims, wherein: 

the analysis filter bank (101) applies an analysis time stride &tA to the input signal; 

the analysis filter bank has an analysis frequency spacing t\fA; 

the analysis filter bank has a number JV of analysis subbands, with N > 1, where n is 

an analysis subband index with rs == 0,..., N — 1; 

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

the input signal; 

the synthesis filter bank (103) applies a synthesis time stride Ats to the synthesis sub-

band signal; 

the synthesis filter bank has a synthesis frequency spacing Afs ; 

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

m is a synthesis subband index with 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. 

25 5, The system of claim 4. wherein the subband processing unit (102) is configured for 

Y~ 2 and further comprises a cross processing control unit (404) configured to generate cross pro­

cessing control data (403) defining subband indices n,, m associated with the analysis subband signals 
in such manner that the subband indices differ by an integer p approximating the ratio of a fundamen­

tal frequency OD of the input signal and the analysis frequency spacing &fA. 

30 

27 



WO 2012/034890 PCT/EP2011/065318 

6. The system of claim 4, wherein the subband processing unit (102) is configured for 

Y ~ 2 a«d further comprises a cross processing control unit (404) configured to generate cross pro­

cessing control data (403) defining subband indices n„ n2 associated with the analysis subband signals 

and the synthesis subband index m, which subband indices are reiated by being approximate integer 

5 solutions of 

:( m •* :•? • r 
I j 
^ -fti + '•<?-^7-- f < 
I 4/; j' 
I ! 
i" .> 

where £1$ is a fundamental frequency of the input signal, 
cs = 0 or 1/2, 

G = ~~iLGi,,.and 
&tA 

10 r is an integer satisfying l<r<Qv-l. 

7. The system of claim 6, wherein the cross processing control unit (404) is configured to 

generate processing control data such that the subband indices m, n2 are based on a value of r which 

maximizes the minimum of the subband magnitudes of the two frames formed by extracting analysis 
IS samples from analysis subband signals, 

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

ples is the magnitude of a central or near-central sample. 

20 9. The system of any one of the preceding claims, wherein the block extractor (201) is 
configured to derive at least one frame of input samples by downsampling the complex-valued analy­

sis samples in an analysis subband signal, 

10. The system of claim 9 configured for ¥~ 2, wherein the block extractor is configured 

25 to derive a first and second frame of input samples by downsampling the complex-valued analysis 

samples in a first and second analysis subband signal, respectively, by downsampling factors i)j and 

D2 satisfying <! ' ~1 2 [ and either D j > 0, Ds.> 0 or Dj > 0, D? > 0, 
j 1-2 ] 

and wherein the nonlinear frame processing unit (202) is configured to determine the 

phase of the processed sample based on a linear combination, with non-negative integer coefficients 
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Ti, 7-2, of respective phases of the corresponding input sample in a first and second frame of input 

samples. 

11, Hie system of say one of the preceding claims, wherein the subband processing unit 

5 (102) further comprises a windowing unit (203) upstream 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 system of claim 11, wherein the window function has a length which corresponds 

to the frame length L and the window function is one of a: 

10 Gaussian window, 
cosine window, 

raised cosine window, 
Hamming window, 

Hanu window, 

iS rectangular window, 

Bartlett window, and 

Blaekman window. 

13,. The s^sfp® of 11, sig ftisjefeii coitipdses a pitii-apj? wiHifew 

ipiesi iihti .whefet a: oarfsf jsed a# # wlfidow fcrattpjs, 

35. tyf jdS aiM tSte jjiitise JS pf t«> si 

0f tfse; tftptrS: ssgasil, 

: 30 $& pr&eetSaf ̂ eMsM. vsh«rS:in ife »M$sp •sad: add: HR! t f2()4| 

appfe-S: a sj?s> disfsseeatfts fraiiiss of jMsfeeMeci s^hplfe^ tM h%4IXe ibstiii e<|iisi j©; 

p 
18. The system of claim 17, operable for at least one further value F> 3, 
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19. The system of any one of the preceding claims configured for Y ••• 2, wherein the frame 

processing unit (202) is configured to determine the magnitude of the processed sample as a mean 
value of the magnitude of the corresponding input sample in a first frame of input samples and the 

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

5 
20. The system of claim 19, wherein the nonlinear frame processing unit (202) lis config­

ured to determine the magnitude of the processed sample as a weighted geometric mean value. 

21. The system of claim 20, wherein the geometric magnitude weighting parameters are p 

10 and 1 - p, where p is a real number inversely proportional to the subband transposition factor Q. 

22. The system of any one of the preceding claims configured for ¥—2, wherein the non­

linear frame processing unit (202) is configured to determine the phase of the processed sample based 
on a lineal" combination, with non-negative integer coefficients (Tu T2), of respective phases of the 

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

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

QxSof the stretch factor and the transposition factor. 

20 24. The system of claim 22, wherein the. phase of the processed sample corresponds to said 

linear combination of phases plus a phase correction parameter 0. 

25. 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. 

25 
26. The system of any one of the preceding claims, further comprising a control data recep­
tion unit configured to receive control data (104), wherein the subband processing unit (102) is con­

figured to determine the synthesis subband signal by taking into account the control data. 

30 27. The system of claim 26 configured for Y- 2, said control data (104) including a fun­

damental frequency of the input signal, wherein the subband processing unit (102) 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. 

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 (901, 902) configured to rescaIs the magnitudes of the corresponding 

input samples in at least one of the F frames of input samples ( vm ~ um / j *); and 

a complex multiplier (910) configured to determine the processed sample by computing 
/ \ 

a weighted complex product J~J u J" |~J v^"' of factors equal to the corresponding input sample in at 
\_};GN J 

least two of the Y frames of input, samples, at least one of the factors (vm,me M #0) being derived 

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

29. The system of any one of the preceding claims configured for V = 2, comprising: 
an analysis filter bank (101) configured to derive a first and a second analysis subband 

10 signal from the input signal; 
a subband processing unit (102) configured to determine a synthesis subband signal 

from the first and second analysis subband signals, wherein the subband processing unit (102) com­

prises: 

a first block extractor (301-1) configured to: 
15 i) form a first frame of I. input samples from said plurali­

ty of complex-valued analysis samples in the first analysis subband sig­
nal, the frame length being L > 1; and 

ii) apply a block hop size of h samples to said plurality of 
analysis samples, prior to forming a subsequent frame of L input sam-

20 pies, thereby generating a first sequence of frames of input samples; 
a second block extractor (301-2) configured to: 

i) form a second frame of L input samples from said plu­
rality of complex-valued analysis samples in the second analysis sub-
band signal; and 

25 ii) apply the block hop size of h samples to said plurality 

of analysis samples, prior to forming a subsequent frame of L input sam­
ples, thereby generating a second sequence of frames of input samples; 

a nonlinear frame processing unit (302) configured to generate, on the 

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

30 and 
an overlap and add unit (204) configured to form the synthesis subband 

-signals----
and 
a synthesis filter bank (103) configured to generate the time stretched and/or frequency 

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

a plurality of subband processing units (401,402; 503; 602-2, 602-3, 602-4), each con­

figured to determine an intermediate synthesis subband signal using a different value of the subband 

5 transposition factor Q and/or of the subband stretch factor S; and 

a merging unit (405; 603) arranged downstream of said plurality of subbatid processing 

units and upstream of the synthesis filter bank (103) configured to merge corresponding intennediate 

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

10 31. The system of claim 30, further comprising; 
a core decoder (501) arranged upstream of the analysis filter bank (101) configured to 

decode a bit stream into the input signal; and 
an high-frequency reconstruction, HFR, processing unit (504) arranged downstream of 

the merging unit (405; 603) and upstream of the synthesis filter bank (103; 505) configured to apply 

15 spectral band information derived from the bit stream to the synthesis subband signal, such as by per­

forming spectral shaping 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 

20 one analysis subband signal using a subband transposition factor O and a subband stretch factor S, and 

at least one is a cross subband processing unit (402), which is configured to determine one synthesis 

subband signal from two analysis subband signals using a subband transposition factor Q and a sub-
band stretch factor S, which are independent of the first two factors. 

25 33. The system of claim 32 configured for Y = 2, wherein: 

the analysis filter bank (101) applies an analysis time stride AtA to the input signal; 

the analysis filter bank has an analysis frequency spacing &fA; 

the analysis filter bank has a number N of analysts subbands, with N >1:, where n is 

an analysis subband index with n - 0,,.., N —1 ;an analysis subband of the N analysis subbands is 

30 associated with a frequency band of the input signal; 

the synthesis filter bank (103) applies a synthesis time stride Ats to the synthesis subband signal; 
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the synthesis filter bank has a synthesis frequency spacing Afs ; 

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

m is a synthesis subband index with m ~ -1; and 

a synthesis subband of the M synthesis subbands is associated with a frequency band of the time 

5 stretched and/or frequency transposed signal, 
said system being configured 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 Mc in an optimal pair of cross source terms yielding the 
10 synthesis subband is greater than a predetermined constant q; 

b) the synthesis subband has a significant contribution from a direct processing unit; 

c) a fundamental frequency £Jo is smaller than the analysis filter bank spacing &fA. 

34. The system of any one of the preceding claims, wherein: 
IS the analysis filter bank (101) is configured to form YxZ analysis subband signals from 

the input signai; 
the subband processing unit (102) is configured to generate Z synthesis subband signals 

from the YxZ analysis subband signals, applying a pair of S and Q values for each group of Y analy­

sis subband signals on which one synthesis subband signal is based; and 
20 the synthesis filter bank (103) is configured to generate Z time stretched and/or fre­

quency transposed signals from the Z synthesis subband signals. 

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

input signal, the method comprising: 
25 deriving a number y> 2 of analysis subband signals from the input signal, wherein 

each analy sis 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; 

30 applying a block hop size of h 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 pro­

cessed samples by determining a phase and a magnitude for ptvccss?J ran;pie of ihe 

35 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 Y frames of input samples; and 
ii) the magnitude of the processed sample is based on the magnitude of 

the corresponding input sample in each of the Y frames 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. 

10 36. The method of claim 35, wherein a frame of processed samples is based on ¥ = 2 corre­
sponding frames of input samples, which are formed by extracting samples from two analysis subband 

signals representing frequencies that differ approximately by a fundamental frequency fio of the input 

signal. 

15 37, The method of claim 35 or 36, wherein: 
a frame of processed samples is based on Y- 2 corresponding frames of input samples, 

which are formed by extracting samples from two analysis subband signals approximately represent­

ing frequencies Q and SI + £l:i; and 
the synthesis subband signal approximately represents a frequency Qv + r£l0, where r is 

is^t 20 at) integer satisfying S <r<Q„-l and Q — —~0„, where &tA and A ts are analysis and synthesis 
& A 

time strides, respectively. 

38. The method of claim 37, wherein the frequency SI is selected in order to maximize the 

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

25 band signals representing frequencies Q and SI + SlQ. 

39. The method of claim 38, wherein the subband magnitude of a frame of input samples is 

the magnitude 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. 

4-s- ••• The sr:;;U:<nJ of-ckiim 

a frame of processed samples is based on Y ~2 corresponding frames of input samples; 
35 a first frame of input samples is extracted from samples in a first analysis subband sig­

nal while applying a downsampling factor A; 
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a second frame of input samples is extracted from samples in a second analysis sub-

band signal while applying a downsampling factor i)2; 

fg=:m +•/•/},] 
the downsampling factors satisfy < _ _ > and either D)>0, D2>0 or Dj>0, 

jSQ~7.+T2 j 

D2 > 0; and 

5 the phase of the processed sample is based on a linear combination, with non-negative 
integer coefficients T{, T2, of respective phases of the corresponding input sample in a first and second 

frame of input samples, 

42. The method of any one of claims 35 to 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 frames of processed samples prior to overlapping and adding them. 

43. The method of claim 42, wherein the window function has a length which corresponds 

to the frame length L and the window function is one of a: 

15 Gaussian window, 

cosine window, 
raised cosine window, 

Hamming window, 

Hattn window, 

20 rectangular window, 
Bartlett window, and 

Blackman window. 

44. The method of claim 42, wherein the window function comprises a plurality of window 
25 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 Sh, form a substantially constant 

sequence, 

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

30 phase rotation. 

46. The method of claim 45, wherein the phase rotation is proportional to a fundamental 

frequency of the inpui signal 
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47. The method of any one of claims 35 to 46, wherein said determining the synthesis sub-

band signal includes overlapping consecutive frames of processed samples by applying a hop size 

equal to the block hop size h times the subband stretch factor S. 

5 48, The method of any one of claims 35 to 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 determined as a mean value of the magnitude 

of the corresponding input sample in a first frame of input samples and the magnitude of the eorre-

10 spending input sample in a second frame of input samples, 

49. Hie method of claim 48, wherein said mean value of magnitudes is a weighted geomet­

ric mean value. 

15 50. The method of claim 49, wherein geometric magnitude weighting parameters are p and 

1 - p, where p is a real number inversely proportional to the subband transposition factor Q. 

51, The method of any one of claims 35 to 50, wherein: 
a frame of processed samples is based on Y= 2 corresponding frames of input samples; 

20 and 
wherein the phase of the processed sample is determined as a linear combination, with 

non-negative integer coefficients (T:, TV), of respective phases of the corresponding input sample in a 

first and second frame of input samples. 

25 52. The method of claim 5 i, wherein the sum of said non-negative integer coefficients is 

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

53. The method of claim 51, wherein the phase of the processed sample corresponds to said 

linear combination plus a phase correction parameter 0. 

30 
54. The method of any one of claims 35 to 53, wherein at least one input, sample is derived 

by interpolating two or more analysis samples. 

•55v---:--:T!ie-methodofasy one-of:daims3S:to 54,-fox;hes-,coaiprismg,receiviHg.eonU'ol.:daia.to----

35 be taken into account in said generating a frame of processed samples. 

56. The method of claim 55, wherein: 

D10079W001 
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a frame of processed samples is based on Y ~ 2 corresponding frames of input samples; 

said control data include a fundamental frequency £2Q of the input signal; arid 

the. two analysis subbands, from which the input samples in each frame are extracted, 

represent frequencies differing by the fundamental frequency, 

57. The method of any one of claims 35 to 56, wherein said generating a frame of pro­

cessed samples comprises: 
rescaiing a magnitude of at least, one input sample; and 

/ 
0j-computing a processed sample as a weighted complex product J f v£ 

\netf II&M 

10 factors equal to the corresponding input sample- in a t least two of the Y frames of input samples, 

wherein at least one of the factors (v,K = um m e M * 0) is an input sample with a rescaled 

magnitude, 

58, The method of any one of claims 35 to 57, comprising generating a plurality of inter-

15 mediate synthesis subband signals, wherein each is generated on the basis of a plurality of correspond­

ing frames of input samples and using a different value of the subband transposition factor Q and/or of 

the subband stretch factor S, 
wherein said determining the synthesis subband signal includes merging corresponding 

intermediate synthesis subband signals. 
20 

59, The method of claim 58, further comprising: 
decoding a bit stream to obtain the input signal, from which the analysis subband sig­

nals are to be derived; and 

applying spectral band information derived from the bit stream to the synthesis subband 
25 signal, such as by performing spectral shaping of the synthesis subband signal, 

60, The method of claim 58, wherein at least one of the intermediate synthesis subband 

signals is generated by direct subband processing, on the basis of one analysis subband signal and 

using a subband transposition factor Q and a subband stretch factor S, and at least one of the interme-
30 diate synthesis subband signals is generated by cross-product processing, on the basis of two analysis 

subband signals using a subband transposition factor Q and a subband stretch factor S, which factors 

. are independent of the first two factors. 
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61. The method or claim 60, wherein said generating an intermediate synthesis subband 

signal by cross-product processing is suspended responsive to one of the following conditions being 

satisfied: 
a) the ratio of the magnitude Ms of the direct source term analysis subband yielding the 

5 synthesis subband and the least magnitude Me in an optimal pair of cross source terms yielding the 

synthesis subband is greater than a predetermined constant q; 

b) the synthesis subband has a significant contribution from a direct processing unit; 
c) a fundamental frequency Qg is smaller than the analysis filter bank spacing &fA. 

10 62. The method of any one of claims 35 to 61, wherein: 

YxZ analysis subbiffld signals are derived; 

Y x Z frames of input samples are formed; 
YxZ corresponding frames of input samples are used to generate Z frames of pro­

cessed samples; 

15 Z synthesis subband signals are determined; and 

Z time stretched and/or frequency transposed signals are generated. 

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

forth in any one of claims 35 to 62. 

20 
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