[DESCRIPTION] [Title of Invention] BANDWIDTH EXTENSION METHOD, BANDWIDTH EXTENSION
APPARATUS, PROGRAM, INTEGRATED CIRCUIT, AND AUDIO DECODING APPARATUS
O[Technical Field] [0001] The present invention relates to a bandwidth extension method for
extending a frequency bandwidth of an audio signal. [Background Art] 10[0002] Audio bandwidth

extension (B\g\ﬁégﬁmglpﬁ?s is;typically used in modern audio codecs to efficiently code wide-band
audio signal at low bit rate. tslk?;l.)rinciple is to use a parametric representation of the original high

frequency (HE) Boaitért o ¥pmtieside BANPMWIOT B ErXTEOf SO NFMBTHDIp vk I BYUEDIHLF)
data. [0003] exTEfsdny diaBam £hoYing SRERBME tel‘f@f‘%@ﬂw?ﬁfd gigegetecAR LS

encoder, a wide-band audio S|$al is firstl se[&arated (101 & 103) into LF and part; its LF part is

coded (104) IR IOV RIERR ING A BRA B

JYReanwhile, the relationship between its LF part and HF
part is analyZeTedi9R)d&gally] in frequency domain) and described by a set of HF parameters. Due
to the param cription of the HF part, the multiplexed (105) waveform data and HF parameters
can be transiﬁé@i decoder at a low bit 25rate. [0004] In the decoder, the LF part is firstly
decoded (107). To afpreximase ntiginad ki qrant sl elecodadlan gartds iranafermesin 108 ko d .
frequency dognai i trum i ified 30.(109) to generate a HF spectrum, under
thquuideyof s‘éo]ari(raé gg%é?iﬁ%ﬁ?é&%iﬁ%&%éﬁﬁg 'éﬁg\ct?tfn? 15 %uurﬁ?gr rséﬁﬁ}ea(f‘ (110) by
post-processir?@ al@ronde thetduide of some decoded HF parameters. The refined HF spectrum is
convertegl (11b)dp gime domain and combined with the delayed (112) LF part. As a result, the final
35reconstructed wide-band audio signal is outputted. EOO% Note that in the BWE technology,
one important step i GEnERRA W it R et s e BYWED $8<AnMqauols thdisatlyauegdvays to

realize it, suchhamexiwiingdel ld- aediéas tedherHE; lasator or0Rvinean RS SIAHOE URsaMPNng.
low bit rate. Its principle is to use a parametric representation of the
original high frequency (HF) content to synthesize an approximation
15 of the HF from the lower frequency (LF) data.
[0003]

FIG. 1 is a diagram showing such a BWE technology-based
audio codec. In its encoder, a wide-band audio signal is firstly
separated (101 & 103) into LF and HF part; its LF part is coded (104)

20 in a waveform preserving way; meanwhile, the relationship hetween
its LF part and HF part is analyzed (102) (typically, in frequency
domain) and described by a set of HF parameters. Due to the
parameter description of the HF part, the multiplexed (105) waveform
data and HF parameters can be transmitted to decoder at a low bit

25 rate.
f0004;

In the decoder, the LF part is firstly decoded (107). To
approximate original HF part, the decoded LF part is transformed
(108) to frequency domain, the resulting LF spectrum is modified

30 (109) to generate a HF spectrum, under the guide of some decoded HF
parameters, The HF spectrum is further refined (110) by
post-processing, also under the guide of some decoded HF parameters.
The refined HF spectrum is converted (111) to time domain and
combined with the delayed (112) LF part. As a result, the final

35 reconstructed wide-band audio signal is outputted.
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[0006] A most well known audio codec that uses such a BWE technology is MPEG-4 HE-AAC,
where the BWE technology is specified as SBR (spectral band replication) or SBR technology, where
the HF 10 part is generated by simply copying the LF portion within QMF representation to the HF
spectral location. [0007] Such a spectral copying operation, also called as patching, is simple and
proved to be Fgﬁ?é]; for most cases. However, at very 15 low bitrates (e.g. <20kbit§/s monc_)), where
only small LF*part bandwidths are feasible, such SBR technology can lead to undesired auditory
artifact sensations suliezes ihafhriesslaed B asarit tiollergyfooexanpiesea iNorsRaient Likerature

NPL) 1). [00 , j ifacts, resulting. fr irrQring Qr, copying operation
E)resented in %ﬁgﬁgﬁﬁé %gegr?g%ﬁfﬁgﬁﬁa%r'aﬁ t‘%%t%@yé %rjénhc!arrqgep aan9 egx%r‘ﬁed with
the following WaiSchantfal @6 Bxasnisie, 88eCRPY IR the LF(paotimodify theepatEhingatiprithm

from copying patiermieA 4+ 8hagsineredel Ogg'\éq,ﬂ REINg pattern (2) to increase adaptive time

resolution for post-processing parameters. [0009] As a result of the first modification (aforementioned
(1)), by 30 spf@e%? the LF spectrum with multiple integer factors, the harmonic continuity in the HF is

ensured intrinsically. A0 pagistlaw 10 upnwertad ﬁgt?fe@s‘asg@aﬂg%ﬂbug@@eaé,t_{f[f}gqeffgﬁ_tghq%ag
emerge at the border between | re IC igh frequen etween different high frequency
parts (for exa%ﬁ%?%,ngelg%ﬁts &Bgéo(ﬁ%fg X?&(nﬁ'ﬁ%@e@%ﬁ _ iﬁ@ﬁﬁ&?ﬁgﬁ}b}ﬁeﬂﬁ%ﬁg&e )
facilitates theaefin8RHS ppettaibaise neqrb cadaptive do tBE Bigredt finctlegipnwih dre replcated
frequencgy ba [0 g r ic relatjon. it js named
harmon%ban%%v%i-éth%x e?]g%n ?Ié%eE??ﬁeg gﬁ%&ta%@%ﬁ%z %ﬁggﬁHgﬁﬁ%? st‘ght 2 Fhave
also been exp&miRFEIRAEIMMrkelTer v braatealugieabiging (for example, see NPL 1). [0012]

[0007]
Such a spectral copying operation, also called as patching, is
simple and proved to be efficient for most cases. However, at very

15 low bitrates (e.g. <20kbits/s mono), where only small LF part
bandwidths are feasibie, such SBR technology can lead to undesired
auditory artifact sensations such as roughness and unpleasant timbre
(for example, see Non-Patent Literature (NPL) 1).

[0008]

20 Therefore, to avoid such artifacts resulting from mirroring or
copying operation presented in low bitrate coding scenario, the
standard SBR technoliogy is enhanced and extended with the following
main changes (for example, see NPL 2):

(1) to modify the patching algorithm from copying pattern to a

25 phase vocoder driven patching pattern

(2) to increase adaptive time resolution for post-processing
parameters,
r0009]

As a result of the first modification (aforementioned (1)), by

30 spreading the LF spectrum with multiple integer factors, the harmonic
continuity in the HF is ensured intrinsically, In particular, no
unwanted roughness sensation due to beating effects can emerge at
the border between low frequency and high frequency and between
different high frequency parts (for example, see NPL 1),

35 [0010]



10Note that the above two modifications only affect the HF spectrum generator (109), the remaining
processes in HBE are identical to those in SBR. [0013 FIG. 2 is a diagram showing the HF spectrum
generator in the 15 prior art HBE. It should be noted that the HF spectrum generator includes a T-F
transform 108 and a HF reconstruction 109. Given a LF part of a signal, suppose its HF spectrum
composes of (T-1) HE har onicegsatch%s ﬁ%@?f atchinggrocess roduces one HF patch), from 2nd

order (the HF patch With the ot 424y SFURBrdET b RO PERn(nith tFROMHRtSS
frequency). Itipeicedin BB E Al fese iR pattiesareegederpteddnde peadsathainfpaceliel derived from

phase vocod%sth%?rﬁ%g%g%}gr@% i‘h%}%eﬁ(}% phase vocoders (201-203) with 25 different

stretching factors, p 0 streich the input LF part. The stretched outputs, with
different IengﬂQ:Q hid bandpass filtered (204-206) and resampled (207-209) to generate HF patches by

converting time dilataion e, EaABSRER RGP R)’e%eﬁtg‘&ﬁHﬁ'iEhni%gfa{ﬁgRr ff‘éit_é.NRéimsa Ys

resampling factor, the HF 30 patches mainfain the harmonic structure of the signal'and have the

double length' G RE DECp P2 FH¥H HNHFegAe e are HARF Hignethe 1@ yarrashperkatdithe
potential diffesersdeley caBiEbetians fseamitieres@pming aperatiess Inlbedast sy ldelayraligned

HF patches ar mme and transformed (213) into, QMF, domain to 35 produce the HF spectrum.
[0015] oﬁéﬁr&f’n@ %geﬁ{og%vﬁ%‘gp'éac\}ﬁﬁ%éﬁ?efaqgl’%ghégoé REA B PutEBMNholiAt. The
computation &&dUAT mainly comes from time stretching operation, realized by a series of Short Time

Fourier 5, Transform T) I S it Time Fourier. sform (ISTFT) transforms pted in
phase v%coders, an thte!:e su@c%%d%\égéQel\aﬁﬁgc?péerﬂ%, gﬁé?e‘é{ %%r%t]izﬁqnesst(r)eqz e(%’ %—ﬁaﬁcr%)ar{.w[ooaﬁb%

A general intfRREHOABN PRAKY 6R6dEA 8T QNIFararsfo@minsTD dusitibesess helowBBOEHe A
phase vocoded ésaiweildhewn dechnigegthat uses frequency-domain transformations to implement
time-stretchi&%ﬁrﬁect. That is, to modify a signal's temporal evolution while its local 15spectral
characteristi (]-J%ept unchanged. Its basic principle is described below.

FIG. 2 is a diagram showing the HF spectrum generator in the
15 prior art HBE. It should be noted that the HF spectrum generator
includes a T-F transform 108 and a HF reconstruction 109. Given alLF
part of a signal, suppose its HF spectrum composes of (T-1) HF
harmonic patches (each patching process produces one HF patch),
from 2"¢ order (the HF patch with the lowest frequency) to T-th order
20 (the HF patch with the highest frequency). In prior art HBE, ali these
HF patches are generated independently in paraliel derived from
phase vocoders,
[0014]
As shown in FIG. 2, (T-1) phase vocoders (201~203) with
25 different stretching factors, (from 2 to k) are employed to stretch the
input LF part. The stretched outputs, with different lengths, are
bandpass filtered (204~206) and resampled (207~209) to generate
HF patches by converting time dilatation into frequency extension.
By setting stretching factor as two times of resampling factor, the HF
3¢ patches maintain the harmonic structure of the signal and have the
double length of the LF part. Then all HF patches are delay aligned
(210~212) tc compensate the potential different delay contributions
from the resampling operation. In the last step, all delay-aligned HF
patches are summed up and transformed (213) into QMF domain to
35 produce the HF spectrum.



[0018] FIG. 3A and FIG. 3B are diagrams showing the basic principle of time stretching
performed by the phase vocoder. 20[0019] Divide audio into overlap blocks and respace these
blocks where the hop size (the time-interval between successive blocks) is not the same at the input
and at the output, as illustrated in FIG. 3A. Therein, the input hop size Re is smaller than the output
hop size Rs, Galr,DeEult, the original signal is stretched with a rate r shown in (Equation 1) below.
[0020] [Math 1] r = (Equation 1) 30 [0021] As shown in FIG. 3B, the respaced blocks are
overlapped in a cohdp@ragratied, Wiecrakejiiesltiregp@wdy domaie ranstormatiomabypicaiig imput

plocks are ragsiognedtin imautnoy, A Paong, taeicadion e Aremihedmdlopksare

transformed back to output blocks. [002_2] Following the above principle, most classic phase vocoders
5 adopt shorttie EEIRIEHASPRATEIRT) 48 MK adqR¥ntySBIREnafaR SR TAMEiMvoWEeh

explicit sequemes of analysST Fodifipafion ek syRiesisifartimeustetching §0928] ThefiMfy banks
transform tir&e don}ain r%reaent%tions_ to jojnt 10 time-frequency domain representationsogé\wvice
[

versa), which i& B2 UsB APparhn BRIz e d HERER GBS IikBEhe Ypeers P cation
(SBR), paramgtdacasterao aadhige (P8 arnichepatied tetdiaichiding8AC), etc. A characteristic of these
filter banks IS[%R%;E complex-valued frequency (subband) domain signals are 15 effectively
oversampled’by a tactor of two. This enables post-processing operations of the subband domain
signals without introdlicisd) alfadinatatarssinfoopaphase vocoder and QMF transform is

i0 described as below.
[0017]

A phase vocoder is a well-known technigue that uses
frequency-domain transformations to implement time-stretching
effect. That is, to modify a signal’s temporal evolution while its iocal

15 spectral characteristics are kept unchanged. Its basic principle is
described below.
[0018]

FIG. 3A and FIG. 3B are diagrams showing the basic principle of

time stretching performed by the phase vocoder.
20 [0019]

Divide audio into overlap blocks and respace these blocks
where the hop size (the time-interval between successive blocks) is
not the same at the input and at the output, as illustrated in FIG. 3A.
Therein, the input hop size R; is smalier than the output hop size R,
as a result, the original signal is stretched with a rate r shown in

o
o

(Equation 1) below.
[0020]
[Math 1]

5 (Equation 1)
30
[0021]

As shown in FIG. 3B, the respaced blocks are overlapped in a
coherent pattern, which requires frequency domain transformation.
Typically, input biocks are transformed into frequency, after a proper

.



In more detail, given a real valued discrete time signal x(n), 20 with the analysis QMF bank, the
complex-valued subband domain signals sk(n) are obtained through (Equation 2) below. [0025] [Math
2] S k(n)=Ix(11/1 n - Op(l)ej (Equation 2) 25 [0026] In (Equation 2), p(n) represents a low-pass
prototype filter impulse response of order L-1, a represents a phase parameter, M represents the
number of bands the s nd |nd with k= ote that like STFT,
OVIF tansfol DG BIS8 It AR Ruei s, RSP Kb LA [P B SRt oty
content of a sitgmakand the change in frequency content over time, -5- where the frequency content is
represented i Hgg ency subband and timeline is represented by time slot, respectively. [0028]

FIG. 4 is a diagram howing_ QMF analysis and synthesis 5 scheme. [0029] In detail, as illustrated
in FIG. 4, a given redi@lli@wimputzedi@bey thid sinsiedsiveronstaspass locksasith epgdders and

hopsize gf M{RIG144aDrthe QM %au&twwmﬁam qiEs eaeh 1@ W%&ﬁﬂ&f\%@ﬁ%ﬂ?t

composed of M complex subband signals. By this wa e L time domain input samples are

transformed B SEBHPreR MY ﬁ%u@ﬁt&%@ﬁfﬁ&%@ﬂ@%rﬁé 3lod g MRaBhERASIENG. 4

(b)). Each timenglotecgmbinesi avithrtherneewous BH/Md) time slots, is synthesized by the QMF
synthesis pr E&@ﬁ reconstruct 15 M real time domain samples (FIG. 4 (c)) with near perfect
reconstructio ation List]

The QMF banks transform time domain representations to joint

10 time-frequency domain representations (and vice versa), which is
typically used in parametric-based coding schemes, like the spectral
band replication (SBR), parametric stereo coding (PS) and spatial
audio coding (SAC), etc. A characteristic of these filter banks is that
the complex-vaiued frequency (subband)} domain signals are

15 effectively oversampled by a factor of two. This enables
post-processing operations of the subband domain signais without
introducing aliasing distortion.

[0024}
In more detail, given a real valued discrete time signal x{(n),

20  with the analysis QMF bank, the compiex-valued subband domain
signals sk(n) are obtained through (Equation 2) below.

[0025]
[Math 2]

£l (h+05 Wi b ez
Zx M-n-1} Z)e !
1= (Equation 2)

[0026]

In (Egquation 2), p(n) represents a low-pass prototype fiiter
impulse response of order L-1, a represents a phase parameter, M
represents the number of bands and k the subband index with k=0,

30 1,.., M-1).
[0027]

Note that iike STFT, QMF transform is also a joint
time-frequency transform. That means, it provides both frequency
content of a signal and the change in frequency content over time,
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[Non Patent Literature] [0030] 20 [NPL 1] Frederik Nagel and Sascha Disch, IA harmonic bandwidth
extension method for audio codecsr, IEEE Int. Conf. on Acoustics, Speech and Signal Proc., 2009
[NPL 2] Max Neuendorf, et al, IA novel scheme for low bitrate unified speech and audio coding -
MPEG RMO01, in 126th AES Convention, 25 Munich, Germany, May 2009. [Summary of Invention]

[Technical Pf&,ﬂgpﬂé [%03%] A problem associated with the '%ior_?%rt BE technolo%'s the, 30 high
computation AMoURt: 1he ratitional prasevocaderthae s E(fcﬂ) 4 By BBETOY St AL dignal
has a higher tionglimation sepmastebeioad dpyot applydintsueessivd V& Ts and IFFTS, that is, successive
FFTs (fast F @ﬁg nsforms) and IFFTs (inverse fast Fourier transforms); and the succeeding QMF
transform increasesthe 35 computation amount by being applied on the time stretched signal. -6-
Furthermore, in gendrbE attemisting t6 reBneEthé oW Higatigimaeun heaiks tante pytebiiaspsoblem
of quality;degsadatiqg. [0032] Thus, the present invention was conceived in view of the 5

aforementionﬁd rohlem and has as an object to provide a bandwidth extension method capable of
reducing the 89[1)%% tion amount in bandwidth extension as well as suppressing quality deterioration

in the extended bandwidiletESolutienitiiRteblar] 49[6083] 4, dAngikeer tpeaaghiguel ibejatgrementioned
object, the b I(Qll\zlv'dtg extension methad accordir]g to an a:;l?[act of the.géesfnt i% enftgiﬁn isa bﬁmdwidth
extension me hoésl%l’ p'r8 %ciﬁb’%cﬁlsti)\éﬁdvc\?i\éﬁ{s@r?épfgo é)fbﬁfn‘-i\vd n ?'Bg ﬁw hlsigﬂa ; the
method includingsézfrfl Bitldnistors $ee) pfthhanSidrmiag ahedavdremescy tanskeidthssigaahinto a
quadratyre miok fil ?ﬂlﬁa‘ ai ir f . umga pitch
shift stegéofrgglr?eérlgt}iﬁg%itc -s?rln tee)dgs%%a%ﬁﬁ?&%ﬁrﬁ%@ﬁéﬁeﬁﬁ%%?ﬁg ?g&tﬁglgha&%q%w f'r8§a uency

bandwidth sidRaF aviigh FegubnklimRndrIici stépri DG geneHatng Eehigi fetRemELAQMIESspectrum

by time-streteupg shexpiitrrsbifleerRinnais i8Rz deneain,/mspestwnrodiigaicn BeR Alis
modifying th(redg freqlﬁeﬁcy QMF spectrum to satisfy high frequency energy and tonality conditions;
t

and a full ba h$erietatiorFSER df Ginetiing tRETBEAWiIh SR aPhe CistHSintd Mhelmodified
high 25 frequiiney @MdEsspeciumivetiizbe firgt the TeqBencyt @M sprettess [09F4construct

15 M real time domain samples (FIG. 4 (c)) with near perfect
reconstruction.
[Citation List]

[Non Patent Literature]
[0030]

20 [NPL 1] Frederik Nagel and Sascha Disch, ‘A harmonic bandwidth
extension method for audio codecs’, IEEE Int. Conf. on Acoustics,
Speech and Signal Proc., 2009
[NPL 2] Max Neuendorf, et al, ‘A novel scheme for low bitrate unified
speech and audio coding -~ MPEG RMOQ/, in 126" AES Convention,

25  Munich, Germany, May 2009.

[Summary of Invention]
[Technical Problem]
[0031]
A problem associated with the prior-art HBE technology is the

30 high computation amount. The traditional phase vocoder that is
adopted by HBE for stretching the signal has a higher computation
amount because of applying successive FFTs and IFFTs, that is,
successive FFTs (fast Fourier transforms) and IFFTs (inverse fast
Fourier transforms); and the succeeding QMF transform increases the

36 computation amount by being applied on the time stretched signal.

™



Accordingly, the high frequency QMF spectrum is generated by time-stretching the pitch-shifted
signals in the QMF domain. Therefore, it is possible to avoid the conventional complex processing 30
(successively repeated FFTs and IFFTs, and subsequent QMF transform), for generating the high
frequency QMF spectrum, and thus the computation amount can be reduced. Note that like STFT, the

QMF transform itself provides joint time-freque resplution, thus, OMF transform replaces the serles
of STFT and IST é?‘e ﬁ%%dd!t?on,g %“tﬁéaﬁaanéﬁé{ﬂ gg&gﬁsigﬁ) m‘é%i%b%cc%ﬁ&in&%ﬁ%éﬁé%?of -7-
the present irarextiont thes gischoshife dbsitgiats zdre peberated by apiling ewrtadbtidifierent shift
coefficients inggachef only one shift coefficient, and time stretching is performed on these signals, it is
possible to suppress deterioration of quality of the high frequency QMF spectrum. [0035]

Furthermore, the high éguerts JeRRsaitn SMEMEIDbeYa SecONEaHREbrM stelevf tahsibening the

pitch shified HeppbsitaadaME geawiae gaaerie 9@5&%&}@@&6@1@@%%&%%@? 10
step of stretching the QMF spectra along a temporal dimension with different stretching factors to
generate har%ﬁ?@ﬁh‘?&@%ﬁ%ﬁg%@ﬁpﬁeﬁéf RAHSIDRnbtRe FRARINAHRRHEERRE $0m-up

step of sumntizghdpviilai tinescgigpashharsnonidi patche s H0@36]i o uitha royorge tegibagvmc patch
generations %tﬁg induéjﬁjﬁiéﬁ %alcuéavyp&ﬁtep of calculating the amplitude and phase of a QMF

spectrum among %’ét spegt?a; a phase manipulation step of manipulating the phase to produce a

new phase; afdlcd @R doeftickdregeheration step of combining the amplitude with the new phase to
20 geneyate %@6‘3’35}9'[ of QMF coefficients. [0037] Furthermore, in the phase manipulation step,
the new phase is produced on the basis of an original phase of a whole set of QMF coefficients.

25[0038] Furthelrh&Yed 7 the prade YeahipulatiorssepPiianpdiaibicistpdianfandyéatédly for
sets of QMF egalfipigia, mrd b QMFdeRTideahaensEationsien Pew=ate oh Mfierefticients are

generated. 30[0039] Furthermore, in the ph?ase m nipulatign step, a different manipulation is

performed depBRGRITT aSHHRTSIBBaRIGRARS. (a0} 0 A UCING @ndHHoRA AT Wafcient
generation stém theankw 35 sqtsent QMbacabificehts aye ailvetiap-andekia gaoRraiethe QRFst

15 transform step of transforming the low frequency bandwidth signal
into a quadrature mirror filter bank (QMF) domain to generate a first
fow frequency QMF spectrum; a pitch shift step of generating
pitch-shifted signals by applying different shifting factors on the iow
frequency bandwidth signal; a high frequency generation step of

20 generating a high freguency QMF spectrum by time-stretching the
pitch-shifted signais in @a QMF domain; a spectrum modification step of
modifying the high frequency QMF spectrum to satisfy high frequency
energy and tonality conditions; and a full bandwidth generation step
of generating the full bandwidth signal by combining the modified high

25 frequency QMF spectrum with the first low frequency QMF spectrum.
[0034]

Accordingly, the high frequency QMF spectrum is generated by
time-stretching the pitch-shifted signais in the QMF domain.
Therefore, it is possible to avoid the conventional compiex processing

3¢  (successively repeated FFTs and IFFTs, and subsequent QMF
transform), for generating the high frequency QMF spectrum, and
thus the computation amount can be reduced. Note that like STFT,
the QMF transform itself provides joint time-frequency resolution,
thus, QMF transform replaces the series of STFT and ISTFT. In

35 addition, in the bandwidth extension method according to an aspect of

-7



-8- coefficients corresponding to a temporally-extended audio signal. [0041] Specifically, the time
stretching in the bandwidth extension method according to an aspect of the present invention imitates
the 5 STFT-based stretching method by modifying phases of input QMF blocks and overlap-adding the
modified QMF blocks with different hop size. From the point of view of computation amount, comparing

to the succes He FFTs %E{?DIFFTS&;% STFT-based method, such time stretching has a lower
computation amduft 5y FVoiheR V&me@l@lFPﬂ@cgﬁﬁ?ﬁ ARSI T hERAGEI IER J¥%sible to
further reducesthe!gontpmatiaradimaliff érdandkidth exdédfisiomm fe0dte ad frthernores isreifder to

achieve the a iQne je e idth extension method in anpther aspect of the present
15 invention iéo (glsb@ra]é(?j%vi 1’hdae(?>ﬁden‘lgsflrcr}rr(;!3 m%g boip rdaugi%?g ?lrmeba:n%r\)vi e&%n%ﬁgrrrci)%sa IbE/vP

5

frequency bafd¥gith!sighrl sthe pres diatiding tadirsiofansfafitystep dheamsinfingdbe tovy
frequency barggmdtgpsé@a%ﬁtp a quadrature mirror filter bank (QMF) domain to generate a first low
frequency QME spectrum; a low order harmonic 20 patch generation step of generating a low order
harmonic patcm)gﬁﬁﬂwe-stretching the low frequency bandwidth signal in a QMF domain; a high

frequency generationrstigpraf(ih eeacratiag signa!sbgharedlitchesifiadi by applying ditferent shift
coefficients to _the low order I;armonic patcf and#i% enerating a hi%h fr%g ency QMF spectrum 25
from the sign@&~8 Q\ge AR RS R PSS &Wfﬁgt HGERM fo

satisfy high frégMéndy emeigytand ¢oralayedMifossienidas; ful bamdwidircgeaecaiiereptepeion
generating the full b i ignal.hy c ining t ified high frequency QMF spectrum with the
first low ?r%qu%%%{l? 5&%@%&%@% é’%y fog%ﬁw gge?c?&%%ﬁrﬁ%ﬁ 't eteﬁia?’f?ergﬁe% Egpg@fﬁ,m is
generated by #ifitesgbichislg etehpieh-JRifthey thetlow freqesiade bamawinktimsignpkitcthes)MEmomain.

Therefore, it i | @@de Nent I i Si d EFTs
and 35 IFFTs?sgr%ﬁﬁaﬁ%uent gﬁ/lelciﬁﬁa%nE‘q()rr@?nﬂ)?#gfg;%m%ﬁ?ﬁﬁ%#%ﬁ%%ﬁéq%%%c%%%I\a{lfcsbpgectrum,

and thus the HRPURLIBRAMIDA: Hah erdim&sd I8 Baditda T aisiai the pheheshifted signals are

generated by ppptyeip mutually different shift coefficients instead of only one shift coefficient, and the
high frequency QMF spectrum is generated from these signals, it is possible tg suppress deterioration
of qualit?/loof the high @J&bﬁéﬁ%ﬁﬂ SpETt F‘&%Hi{eﬁﬁg&ﬁ, ﬁr?d%etgﬁtfﬁ’d}?ﬂ%&%rf% SRRSspRctrum
is generated fraritthia thenoske thasfaratqatetinigisthbessiviept fudke asup ppdessdetefiomatQm pf
quality of the Ri n tr 0[Q04 .1t shpuld be noted that..in the bandwidth
extension me&%%%ggmi_r%ﬁ%l}iﬁostﬂ?e% ag)pgglt oggjtﬁéé rg?ése%]t iﬁ@gr%?onﬂﬁg gﬁff:%tgh%inata%go ?\;\f:)erates
in QMF domaif arHBUdaki BEER oRieasmposerveU F=QNIR YU pfaREorBihe PR Mdeosdfthiand

mutiple sub-sybbands o 13-Bigher eaupiRYasehuion, T mAPRINeNNeAE SHBveuBhaLs tyo high
QMF subband to generate high order patch spectrum. [0045]
20 generate a néw set of QMF coefficients.
[0037]

Furthermore, in the phase manipulation step, the new phase is
produced on the basis of an original phase of a whole set of QMF
coefficients.

25  f0038]

Furthermore, in the phase manipulation step, manipulation is
performed repeatedly for sets of QMF coefficients, and in the QMF
coefficient generation step, new sets of QMF coefficients are
generated.

30  [0039]

Furthermore, in the phase manipulation step, a different
manipulation is performed depending on a QMF subband index.
[0040]

Furthermore, in the QMF coefficient generation step, the new

35 sets of QMF coefficients are overlap-added to generate the QMF
-8-



Furthermore, the low order harmonic patch generation step includes: a second transform step of
transforming the low frequency 20 bandwidth signal into a second low frequency QMF spectrum; a
bandpass step of bandpassing the second low frequency QMF spectrum; and a stretching step of
stretching the bandpassed second low frequency QMF spectrum along a temporal dimension. [0046]

25Furthermore, the secand low frequency QMF spectrum has finer frequency resolution than the first
low frequench SVELEBERA TGEPANA B Hh G HEB ARETIh R RES GRHItBI9BRb includes. a

patch generat@4tep of bandpassing the low order harmonic patch to 30 generate bandpassed

patches; a high ordet.gencration steg.of mapRing each of (e handpassed Raiches nig hidhreauency
to generate high ordér armomc‘ffatc €s; and a’sum-0p Stép of summing up the high’order harmonic
patches with the ib@wdraet tegimehitopaoha 36€0048] the Buehenhdrey evdtughiondeatgenébeion step

includesi;a sgiiting plepef splitingigarh QMERYEPEYA in saek, of thepandnassed; patghes i
multiple sub-subbands; a mapping step of mapping the sub-subbands to high frequency QMF
subbands; arkl GRESTRTTRNREIRE Y EHISrNG Ry TR M B GsHen FHRSFG R0RgIoP
Furthermore dte: mappiiig stae ingludes: of divisipysteprafslivigingrihgrpldusubbandy atpagh of the
QMF subbanﬁ into a S{%%band t and %p[%;ég_pan,d %%ri fre%uency computation step of 10
computing trandposed CetitY frelqlienciBs Of the sdb-<u s BA%RE pas 'p&H With*F&YEh order
dependent fastoeta firsnrepp mdcstepraf omappitgtibe subroubiiangs mndhe pgssrignoma@ Mo high
frequengy Q n rding tq.the er f engies; .S€CO apping step of
mappingé{thel\éﬁtng-ﬁﬁ%!%an s% %ﬁ%ﬁéqst%%@ang?% E%E?%%Oﬁ;‘hsg fr%%%gﬁ%@gQﬁﬁF%ﬁ)%grﬁ’dgeéﬁz:%%?ding to
the sub-subbiiméscefheyiasétadparnfoosdiandwildhairddraiored that, in the bandwidth
extension mqtb@ngcording to the present invention, the process operations (steps) 20 described
above may be combined in any manner. [0051] Such a bandwidth extension method as that

according to the predent tHESREERSs Mo RnpEeafsiigttii s EfREeMsHAMHaeh 9BE_%

computation mw&rgﬂumﬁﬁ&mﬁs@ﬁ GeRAIRE, Vhrf]liégwBEWStE@wQ&th@fhﬁQ{%S%ﬁémaﬁon
amount to HBE. To reduce the compuytation amount, in the bandwi xtension method according to
i aspe of 1Y BRABH: e un BB B ESE0A sl Lt (i AR tine St Gtining in

QMF domainbveithcen it lcasTgpait titnm enma Uiotvis furserl Suicth epeno by id theshg naw dih e xtesidiani method
30 according; her.a f [ tio i ossibl lity propl

associated W}ﬁcﬁgegﬁs%%ti(?&?ggrﬁw%%tﬁé%ﬁﬁn%\{aﬁ%oéﬁ rEr% %ﬁ%s%o t gf' ;%gaﬂgsah i)érk%gr%gﬁﬁzrmonic
patches fromiéh @vdisttbasin a Qmtodemeiadrature mirror filter bank (QMF) domain to

generate a first low freguency QMF spectrum; a low order harmonic

20 patch generation step of generating a low order harmonic patch by
time-stretching the low freguency bandwidth signal in a QMF domain;
a high frequency generation step of (i) generating signais that are
pitch shifted, by applying different shift coefficients to the low order
harmonic patch, and (ii) generating a high frequency QMF spectrum

25 from the signals; a spectrum modification step of modifying the high
frequency QMF spectrum to satisfy high frequency energy and tonality
conditions; and a full bandwidth generation step of generating the full
bandwidth signal by combining the modified high freguency QMF
spectrum with the first low frequency QMF spectrum.

30 [0043]

Accordingly, the high frequency QMF spectrum is generated by
time-stretching and pitch-shifting the low frequency bandwidth signal
in the QMF domain. Therefore, it is possible to avoid the
conventional complex processing (successively repeated FFTs and

35 IFFTs, and subsequent QMF transform), for generating the high
-9



[0052] 35It is the object of this invention to design a QMF-based patch - 11 -
wheretime-stretching,orbothtime-stretchingand frequency-extending can be performed in QMF
domain, to make it further, to develop a low computation amount HBE technology driven by a
QMF-based phase vocoder. [0053] It should be noted that the present invention can be realized,

not only as SlfICh a bandwi%q ,g:xtensi n method, but alsc% as a bandw'dt%w extension agparatL’é?s and an
integrated circuitthat exte thesf?eeé: Eﬁa’bgﬂéjw%}h'sof Qﬁe aﬁ‘am%h% 'ﬁgna%%%% dRiGtR S0
extension methddicasia prioyrandid causingee congputdcto-stidtd d Sagpec\avendwdratsiay the
bandwidth : ! : ) )

andwidth exfension, %a@ﬂrﬁq& ﬁﬁggﬁﬁﬂ " ARHERHES HGUAR 1B eGRIGCEne

[Advantageous Effects of Tnventio width extension in the present

invention desigHtatasificiensnia BEnthgdtH eRidheioHgABE) BRnoRREL e d6ré eni@t&hnology

is to do time sHetahiRg o5 Roghime pralciirg ANd RECHSHHBEdHQNIF deRW N, Iethel il s
traditional FFT domain and time domain, respectively. Comparing to the prior-art 20 HBE technology,
the bandwidth&t 'éﬂ?n ?ﬁ@%ﬁqﬁ\fh%sewmﬁmn cah B?B%I%I%%%ls&ﬂ&%ugﬂﬁ/ dHanh

significantly rédspe ¢he goQiRasioacimamntis Byeh Desastptivroaf Riawings] AR5 26riGoal£IG. 1is
Ciagram Sho b hair AR SRS e eba B Sgea i SeraIREEn of dUgity ShTRRs. 3a i
a diagram shbighg fireeqpraremle@Pfinsp8asiretching by respacing audio blocks. [FIG. 36] FIG. 36
is a diaggam 5[’6%39 the principle of time stretching by respacing audio blocks.
It should be noted that, in the bandwidth extension method
according to another aspect of the present invention, the pitch shifting
also operates in QMF domain. This is in order to decompose the LF
QMF subband on the low order patch into multiple sub-subbands for
15  higher frequency resolution, then mapping those sub-subbands into
high QMF subband to generate high order patch spectrum.
[0045]
Furthermore, the low order harmonic patch generation step
includes: a second transform step of transforming the low frequency
20 bandwidth signal into a second low frequency QMF spectrum; a
bandpass step of bandpassing the second low frequency QMF
spectrum; and a stretching step of stretching the bandpassed second
low frequency QMF spectrum along a temporal dimension.
[0046]
25 Furthermore, the second low frequency QMF spectrum has finer
frequency resolution than the first low frequency QMF spectrum.
[0047]
Furthermore, the high frequency generation step includes: a
patch generation step of bandpassing the low order harmeonic patch to
3¢ generate bandpassed patches; a high order generation step of
mapping each of the bandpassed patches into high frequency to
generate high order harmonic patches; and a sum-up step of summing
up the high order harmonic patches with the low order harmonic
patch.
35 [0048]
- 10 -



[FIG. 4] FIG. 4 is a diagram showing QMF analysis and synthesis scheme. 35[FIG. 5] FIG. 5is a
flowchart showing a bandwidth extension -12- method in a first embodiment of the present invention.
[FIG. 6] FIG. 6 is a diagram showing a HF spectrum generator in the first embodiment of the present
invention. [FIG. 7] FIG. 7 is a diagram showing an audio decoder in the first embodiment of the
present invention. FIG. 8] FIG. 8 [s a diﬁ. ram shqwing a scherege of chan e.tim%scfale of a signal

based on QMF trans?o iﬂ?{ Rt emibodi of i eﬁre@eﬁﬁ%\? r'ﬁ’lgni : . @‘issfaaiagram
showing a tinse Btretehisbanenfica lidtinm @ EiEFatioDMA suthé firstl émbadimenttbfeeaprépearssiadention.

[FIG. 10] FIG is a.di [Rgcompar; chi f r.a sinusoj ignal with
different stre cé%%ﬁé%t(l)%g Iﬁé T@%‘%é@l@%ﬁ%h%ﬁ%ﬁ%@&% m?ntﬂé%r@rl{gggﬁsépread
effect in HBES$theshid BdEI& ta ) ipicirenid erfanehait SHewiag dise BastwiateRiensiBrsisdthod in a
second embagiregih 6f iR PreseNitevwNtiae. sub-BlEba3diRapping diagram showing an HF

spectrum generator in the second embodiment of the present invention. [FIG. 14] FIG. 14 is a diagram
showing an & f&dcoder in the 20 second embodiment of the present invention. [FIG. 15] FIG.

15 is a diagram showingth equsicy extengiag pietodtaQMictogesdn ia thihsesond erabodiment of
the present in ic%lrllt'?n. [FLG. 16 F”IG.b Gais Sfi L#r%gré Wi & 8uby ba %séne tra% distribution in
the second e%bo ihen o?tﬁé"]%réé"en Vention. [|9 Gﬁ%]%@?ﬁ%a&gérém gh%\/\ﬁg%‘:fhe
relationship beamekrpeng pass bandassnpamaht padtsta beedwanmorermipubedimusoitalinadbmplex
QMF d%‘amée#?B&ﬁ?fﬁ“ér%fﬂBB@%‘%PE%“&{@W?@&G%‘HE?QQO& the sub-subbands on the

pass band part with patch order dependent factor; a first mapping

step of mapping the sub-subbands on the pass band part into high

frequency QMF subbands according fo the center frequencies; and a

second mapping step of mapping the sub-subbands on the stop band

15 part into high frequency QMF subbands according to the sub-subbands

of the pass band part.

[0050]

It should be noted that, in the bandwidth extension method
according to the present invention, the process operations (steps)

20 described above may be combined in any manner.
[0051]

Such & bandwidth extension method as that according to the
present invention is a low computation amount HBE technology which
uses a computation amount-reduced HF spectrum generator, which

25 contributes the highest computation amount to HBE. To reduce the
computation amount, in the bandwidth extension method according to
an aspect of the present invention, a new QMF-based phase vocoder
that performs time stretching in QMF domain with a low computation
amount is used. Furthermore, in the bandwidth extension method

30 according to another aspect of the present invention, to avoid the
possibie guality problems associated with the solution, a new pitch
shifting algorithm is used that generates high order harmonic patches
from low order patch in QMF domain.

[0052]
35 It is the object of this invention to design a QMF-based patch
-11-



30 [Description of Embodiments] [0056] The following embodiments are merely illustrative for the
principles of various inventive steps. It is understood that variations of the details described herein will
be apparent to others skilled in the 35art. [0057] (First Embodiment) Hereinafter, a HBE scheme
(harmonic bandwidth extension method) and a decoder (audio decoder or audio decoding apparatus)

using the same, in the present invention, shall be descrihed '[[0058] . _FIG. 5 is a flowchart showing
the bandwioth ERsion TRERoRL EH R MEeent e bodment Toosol TBSRRLEEHERIR exicHiion
method is a faadwiititexeistiod megthaalirfob prapitdingradudl ban@widthdsignal frorbca tova Keegoiency
bandwidth si t t ineluding: g fi ;ﬁrgg S f [ag]] re

bandwidth sigggjf?ngtg ;&gu%%%ﬁ (H:Erjo\@fﬁér anﬁé%%kg&%n%ﬁqﬁ%g}%%&dg{;{é%\%ﬁ%%ency
QMF 15 spekdudn LMitdhasgnfl séReegepepslg pitch-shifted signals by applying different shifting

factors op the fgys figquency bandwidth signal; a high frequency generation step of generating a high
frequency QMF spectrum by time-stretching the pitch-shifted signals in a QMF domain; a spectrum

modification step of HoAHEAhRSBRBS R ARF ONRSSREHINFREARsRPR GRS ré§ G S energy
and tonality ceatlitonsy and asfultihandwigiugeinetation séensid geneeatitgthefull bansdwidth signal by

10060] 251 AU B AEHes N e S PSS (o117 GRS he By reRTinserdcn

ya
1406 to be déﬁt&iﬂ'@f@mﬂ@md)e bimtcbhiﬂ’éue;m(SBZ) igp.dﬂforra@r_iaj sasipel'gwgthmitstf&ﬂﬂ;tw%and a
time re%“p'%%% ﬂo%‘?%ﬁ%&?o‘?ﬁ?%@bgdé%%ré%? tion, faguol fé%%?%%g%e@'{’é‘n%e (513)
is performed by QMF transform units 30 507 t0 509, phase vocoders 510 to 512, a QMF transform unit
404, and a tiff&8e0RN P aRE MgEhdI5EdeEbrvea Matiat TR RBE ohagiF Badd\ditith @& rferation

step (515) is peeloraeryDaR Addition wiliad 4o ectpssrbed laten{9@61] 35Furthermore, the high
frequency geperation step includes: a )

FAdavantageous E?Fc'ects of Invention]

[0054]

15 The bandwidth extension method in the present invention
designs a new harmonic bandwidth extension {HBE) technology. The
core of the technology is to do time stretching or both time stretching
and pitch shifting in QMF domain, rather than in traditional FFT
domain and time domain, respectively. Comparing to the prior-art

20 HBE technology, the bandwidth extension method in the present
invention can provide good sound quality and significantly reduce the
computation amount.

[Brief Description of Drawings]
[0055]

25 [FIG. 1] FIG. 1 is a diagram showing an audioc codec scheme
using normal BWE technology.

[FIG. 2] FIG. 2 is a diagram showing a harmonic structure
preserved HF spectrum generator.
[FIG. 3A] FIG. 3A is a diagram showing the principle of time

30  stretching by respacing audio blocks.

[FIG. 3B] FIG. 3B is a diagram showing the principle of time
stretching by respacing audio biocks.

[FIG. 4] FIG. 4 is a diagram showing QMF analysis and
synthesis scheme.

35 [FIG. 5] FIG. 5 is a flowchart showing a bandwidth extension

-12 -



- 14- second transform step of transforming the pitch shifted signals into a QMF domain to generate
QMF spectra; a harmonic patch generation step of stretching the QMF spectra along a temporal
dimension with different stretching factors to generate harmonic patches; an 5 alignment step of
time-aligning the harmonic patches; and a sum-up step of summing up the time-aligned harmonic
patches. [00611%1?5 cIltshoulg bghnote’s| t}a[at the tsre%pwjt transform step is performed by the QMF
transform units Wto EdFalbthé 6 PHUHIHRr R unit e S i%ﬁ,ngni Ktfhonic patch generation
step is performed by[thEpha$d Vecduesszod apra il ahd wintineetskr epkingunit § 468 rBtudhérmore,

the alignmenmge[?ii%p%r{.%%}%%q%ﬂg%é %wrgdee%c%ﬂa'?i%ﬁiﬁg to be described, and the sum-up

step is performed by an addition unit 516 to be _ 063] ~ Ina HBE scheme in the
present embodiment] BIRF ddeEtim Geiteratdids HBE Etanolgyas dedidited aapdres pRchhshifting

processes in tirae deRkwY isHErREFEd Y thRwRsoden diMerdime stretching processes in QMF
domain. 20 [0064] FIG.6isa dia}?r,am showing the HF spectrum generator used in the HBE

scheme in the preserf &hb&dim&fRt Phis HFHASTRIM SRANARS RIGAEMBaREFERRNARSTHOE 502,

..., and 503; theasanilinggigitsblh £85, on, AMBREa s M transfermrunitsrh®b6Ap5e8: . ofand
509; the pha%%vocoge%élo,v%ln {55 and 512; the delay alignment units 513, 514, ..., and 515; and
the addition Uit 516 f ﬂ\ given E'F bandwidth input is firstly bandpassed (501-503) and
resampled (504-506) td Gerfetatd s BIHbandigigttaportibosy BOgThosentaFshaativtidtiy poréons cire

ransforgyed (ROBTRRoNYIA QN omai, tedrylinQUE B PHIS re UBYe SURIEGAE10-512) with

stretching factors’as two times of the according resampling factors. The stretched spectrums are
delay aligned (513-5153% cbfhbéAsateltBe pAeAliapdafarenbh asrin @ cramMoeshR dréitr 86aleagnpling

process and sgragedid GlGhiosesneraeaheitim Hivith different stretching factors.

[FIG. 11] FIG. 11 is a diagram showing misalignment and
energy spread effect in HBE scheme.

15 [FIG. 12] FIG. 12 is a flowchart showing the bandwidth
extension method in a second embodiment of the present invention.

[FIG. 13] FIG. 13 is a diagram showing an HF spectrum
generator in the second embodiment of the present invention,

[FIG. 14] FIG. 14 is a diagram showing an audio decoder in the

20 second embodiment of the present invention.

{FIG. 15] FIG. 15 is a diagram showing a frequency extending
method in QMF domain in the second embodiment of the present
invention.

[FIG. 16] FIG. 16 is a figure showing a sub-subband spectra

25 distribution in the second embodiment of the present invention.

[FIG. 17] FIG. 17 is a diagram showing the reiationship
between the pass band component and stop band component for a
sinusoidal in compiex QMF domain in the second embodiment of the
present invention.

30 [Description of Embodiments]
{0056}

The following embodiments are merely illustrative for the
principles of various inventive steps. Itis understood that variations
of the details described herein wili be apparent to others skilled in the

35 art.



- 15- spectrum. It should be noted that each of the numerals 501 to 516 in parentheses above denote
a constituent element of the HF spectrum generator. [0066] 5Comparing the scheme in the present
embodiment with the prior-art scheme (FIG. 2), it can be see the main differences are 1) more QMF
transforms are applied; and 2) time stretching operation is performed in QMF domain, not in FFT
domain. The ?)%%'?ﬁ time stretching operation in QMF domain will be described later with more
details. [0067g IG. 7 is a diagram showing a decoder adopting the HF spectrum generator in the
present embodimen{ Fihet deooded{avuert flecoding apparatus) includes a demultiplex unit 1401, a

decodi it 15 1402, ' j , t E it, 1404,
lime stetching unit 1405 T ShCuls B AAERd P Be SR Aot D ML s Mg i

1401 correspodd eslth@ Beparaesidsit WhieH iSefacrskes codad tbw tiegashiogbapaatdbusignal from
coded informagigiy(pidreahe FYHNGTB YR o inuelss2fb F F dansiund i1 0@ corresponds to the

inverse transform unit which transforms a full bandwidth signal, from a quadrature mirror filter bank
(QMF) domaﬁr@giaﬁil to a time domain signal. [0068] With the decoder, the bitstream is demultiplexed

(1401) first, 25 the siEr@l L igagt BdherhdecosiesilAg2)hEomppaximatieoraingl bt pastHibet
decoded LF Par%‘low freq#epc%l b§nd idth signal) is resampled (1403) in time domain to generate HF
part, the resultin ﬁ@-rﬁg 5 PRSI ghe& 04) into QMF domain, the resulting HF QMF spectrum is
stretched (14@8) 2fbing the temporal direction, the 30 stretched HF spectrum is further refined (1408)

b t ing, ' - t ile, dLF
oart 5 400 transform AL T N R ArC T (e e oA A A b

(1410) with d&18y8e ¢1407) Rrospeigmac plbdieadu Bahdaidmad Ko spettiany. Trrareeoiting full 35
bandwidth QHmeRedAN ssGraverted (FAQRhback ke fifes omainde sLor-aHurYhe decgded

wideband audio signal. It should be noted that each of the numerals 1401 to 1410 in parentheses

above denot&5H EOREMMIRAL EREEAVO TRAHEKIErC fIB Y| FhB FiHE BtrbitRing MERRERU erhe time
stretching preseseffine:HBE sRNEDMAN therpeasernt euhediatent isirior Rrnaache signal igrime

e O Dol o o s T RO R R RS
applying different shifting factors on the low freguency bandwidth
signal, a high frequency generation step of generating a high
frequency QMF spectrum by time-stretching the pitch-shifted signals
in @ QMF domain; a spectrum modification step of modifying the high

20 frequency QMF spectrum to satisfy high frequency energy and tonality
conditions; and a full bandwidth generation step of generating the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum.

[0060]

25 It should be noted that the first transform step (811) is
performed by a T-F transform unit 1406 to be described later, the pitch
shift step (512) is performed by sampling units 504 to 506 and a time
resampling unit 1403 to be described later. In addition, the high
frequency generation step (S13) is performed by QMF transform units

3¢ 507 to 509, phase vocoders 510 to 512, 2 QMF transform unit 404, and
a time-stretching unit 1405 to be described later. Furthermore, the
full bandwidth generation step (S15) is performed by an addition unit
1410 to be described later,

[0061]
35 Furthermore, the high frequency generation step inciudes: a
- 14 -



30 includes: a calculation step of calculating the amplitude and phase of a QMF spectrum among the
QMF spectra; a phase manipulation step of manipulating the phase to produce a new phase; and a
QMF coefficient generation step of combining the amplitude with the new phase to generate a new set
of QMF coefficients. It should be noted that each 15 of the calculating step, the phase manipulation

tep, and the OMF cpefficient t [ f d bd ibed lat
100701 16, o8 GG AN PTG S IE BRI GHE BTG B0 b L BEHBALR IRFE QMF

transform quMB4damj afhe timegstredching QMFM@@d%iral;lyaahaaudm ﬁgr@hls:ﬁagaﬂ@mdomm a set
of QMF coeff ts s 7 These MF coeff10|ents re
modified in mo&ﬁ $%¥‘%erelﬁﬁﬁﬁﬁg$§cgeﬂéﬁg tsg ;%r%r';‘i] l%%e r and pefﬁase g are
calculated, s&if 8 &vh, ngEraRcn® (jF@sIHYThéphaenaiaia) dremudlified (pehtbelareds to
a-(m,n). The magief Rhases Ao AMHOHONIR) ATRRIHHE T aFORBINIEL Siew el afQMF Gosffigisnts. For

example, a new’set of QMF coefficients are shown in (Equation 3) below. [Od?l] 30[Math 3] 1(m,n)-=
r(ni,n) exp(j BFEREYuaHEAE) M0 RA EifalyMEs WéW’s%q Gt BdeRaERRESre transformed (703) -
17- into a nepoa@tiq S|gnal corresponding to the original audio signal with modified time scale. [0073]

The QMF-based ti th al he HBE scheme in 5 the resentembodl ent imitates
1o STFT-based stelLiRG HEATTC e Ao et e 4 e P SERR AT GE RET ey

concept to mbd!if;tfp@a@é&i‘ Drorretiuce the denpbifation 20w, dh’m@v@;bl‘aﬁ-a:ddmgﬂsnmri@!med in
c(Ige'\g(I:r|d|octi|r(a)’]]ri1 Io hg]%fgéq%%?e?&%g)gﬁ%ﬁg‘gﬁﬁ F}% Ftr sggﬁge%r;n&e%[r? %173; pres r?t% fmbo tlrﬁedet%&S]
phase vocoders 510 to 512 and the time-stretching unit 1405.
Furthermore, the alignment step is performed by delay alignment
units 513 to 515 to be described, and the sum-up step is performed by
an addition unit 516 to be described later.
15 [0063]

In a HBE scheme in the present embodiment, a HF spectrum
generator in HBE technology is designed with the pitch shifting
processes in time domain, succeeded by the vocoder driven time
stretching processes in QMF domain.

26  [0064]

FIG. 6 is a diagram showing the HF spectrum generator used in
the HBE scheme in the present embodiment. The HF spectrum
generator includes: bandpass units 501, 502, .., and 503; the
sampling units 504, 505, .., and 506; the QMF transform units 507,

26 508, .., and 509; the phase vocoders 510, 511, ..., and 512; the delay
alignment units 513, 514, ..., and 515; and the addition unit 516.
[0065]
A given LF bandwidth input is firstly bandpassed (501~503)
and resampled (504~506) toc generate its HF bandwidth portions.
30 Those HF bandwidth portions are transformed (507~509) into QMF
domain, the resuiting QMF outputs are time stretched (510~512) with
stretching factors as two times of the according resampling factors.
The stretched HF spectrums are delay aligned (513~515) to
compensate the potential different delay contributions from
35 resampling process and summed up (516) to generate the final HF
- 15



Assuming there are 2L real-valued time domain signal, x(n), to 15 be stretched with a stretch factor s,
after QMF analysis stage, there are 2L QMF complex coefficients, composed of 2L/M time slots and M
subbands. [0076] Note that like STFT-based stretching method, the transformed 20 QMF coefficients
are optionally, subject to analysis windowing before the phase manipulation. In this invention, this can

be realized on either time dgmain or QMF dqmain. [0077 On time dgmain, a time domain
cional can beRAEFATDS AR A (RO 47 B0 50T NI ARt Fep 10 17
h(mod(n,(Equeticandn 860 ove Hlee oted@) oo (Bdiatontdd measas mofltldicd opgration f0080] On
the QMF dor;é?épl,etgf%?guivalent operation can be realized by: 35[0081] 1) Transforming the

w h(n

analysis win with length of L) into QMF domain to produce H(v,k) with L/M time slots and M
subbands. [0088P6] 2) Simplifying the QMF representation of the window as shown in (Equation 5)

below. [0083] [Math &lJ#epAr A he scheme in the present embodiment with the

prior-art scheme (FIG. 2), it can be see the main differences are 1)
more QMF transforms are applied; and 2) time stretching operation is
performed in QMF domain, not in FFT domain. The detailed time

stretching operation in QMF domain will be described [ater with more
10 details.

[0067]

FIG. 7 is a diagram showing a decoder adopting the HF
spectrum generator in the present embodiment, The decoder (audio
decoding apparatus) includes a demultiplex unit 1401, a decoding unit

15 1402, the time resampiing unit 1403, the QMF transform unit 1404,
and the time-stretching unit 1405, It should be noted that, in the
present embodiment, the demultipiex unit 1401 corresponds to the
separation unit which separates a coded low frequency bandwidth
signal from coded information (bitstream). Furthermore, the inverse

26 T-F transform unit 1409 corresponds to the inverse transform unit
which transforms a full bandwidth signal, from a quadrature mirror
filter bank (QMF) domain signal to a time domain signal.

100687

With the decoder, the bitstream is demultiplexed (1401) first,

25 the signal LF part is then decoded (1402). To approximate original
HF part, the decoded LF part (low frequency bandwidth signal) is
resampled (1403) in time domain to generate HF part, the resulting
HF part is transformed (1404) into QMF domain, the resulting HF QMF
spectrum is stretched (1405) along the temporal direction, the

30 stretched HF spectrum is further refined (1408) by post-processing,
under the guide of some decoded HF parameters. Meanwhile, the
decoded LF part is also transformed (1406) into QMF domain. In the
end, the refined HF spectrum combined (1410) with delayed (1407) LF
spectrum to produce full bandwidth QMF spectrum. The resulting full

35 bandwidth QMF spectrum is converted (1409) back to time domain to

-16 -



(Equation 5) 10[0084] Here, v=0,..., L/IM-1. [0085] 3) Performing the analysis windowing in QMF
domain by X(m,k)=X(m,k)Ho(w) where w=mod(m,L/M) (It should be noted that 15 mod(.) means
modulation operation). [0086] Furthermore, in the HBE scheme in the present embodiment, in the
phase manipulation step, the new phase is produced on the basis of an original phase of a whole set

of QMF coeff|C| ecifical |nt res bodJme tail reallzaton ofth time
stretching, phas rS%?ﬁuI Jg%er%r%eetg (?c&% %gi]blglé] 088]

These orlglnaa'gMFoédEﬁﬂacneumeaalS)\Aeﬂaﬂ)pe@j Wblmlmmhﬁmzeaﬁduendesmm dlock
length of L/M(‘gbl%:i@%rﬂséklg @{.pcdd@ @én@&@egoosg] 30To ensure no phase-jumping effect,

each original ck is modified to generate a new QMF block with modified phases, and phases
of the new QMBIBAks should be continuous at the point ps for the overlapping (p)-th and (p+1)-th

new QME block, whigipis ﬁwga@@&mﬁ@m@@he joint points pMs (pEN) in time - 19 - domain.
The time stretching process of the HBE scheme in the present

embodiment is, for an audio signal, its time stretched signal can be
generated by QMF transform, phase manipuiations and inverse QMF
transform. Specifically, the harmonic patch generation step

10 includes: a calculation step of calculating the amplitude and phase of
a QMF spectrum among the QMF spectra; a phase manipulation step of
manipulating the phase to produce a new phase; and a QMF coefficient
generation step of combining the amplitude with the new phase to
generate a new set of QMF coefficients. It should be noted that each

15 of the calculating step, the phase manipulation step, and the QMF
coefficient generation step is performed by a module 702 to be
described later.
10070]

FIG. 8 is a diagram showing a QMF-based time stretching

20 process performed by the QMF transform unit 1404 and the time
stretching unit 1405, Firstly, an audio signal is transformed into a set
of QMF coefficients, say, X(m,n), by QMF analysis transform (701).
These QMF coefficients are meodified in module 702. Wherein, for
each QMF coefficients, its amplitude r and phase a are calcuiated, say,

25 X(m,n)=r(m,n)-exp(j-a{(m,n)). The phases a(m,n) are modified
(manipulated) to a"(m,n). The modified phases a”~ and original
amplitudes r construct a new set of QMF coefficients. For example, a
new set of QMF coefficients are shown in (Equation 3) below.
[0071]

30 [Math 3]

X{m.n)=r{mn)-exp(j-a(m.n) (Equation 3)

[0072]
Finally, the new set of QMF coefficients are transformed (703)
-17-



[0090] Furthermore, in the HBE scheme in the present embodiment, in the phase manipulation
step, manipulation is performed repeatedly for sets of QMF coefficients, and in the QMF coefficient
generation step, new sets of QMF coefficients are generated. In this case, the phases are modified on
the block basis following the below criteria. [0091] Assuming the original phases are cpu(k) for the
given QMF 10  coefficients )é(lu inal. OMFE blc{ghk IS

equentlally m$8 fled T8 NS Q%ﬁinl?l cﬁ?g Z#ég&fagn%&ofméﬁ@ gé“ﬁ‘/ch Cg:%ﬁ f\‘/ﬁl’ Bibdks are

illustrated Wmmdldﬁfredt filhpattarake [0092] 15In the following, W(k) represents phase information of the
n-th new QM for n=1,..., L/IM, u=0,..., LIM-1 and k=0, 1, ..., M-1. These new phases, depending
on whether t e new block is respaced or not are designed as foIIows [0093] 20Assuming the 1st new

QMF block X(1)(u,k) (Bre0M L 7iesged ﬁun%gﬁa@éahgwtrﬁsl@\@wmgnﬁfmﬁéﬁ&nsmmwp|s

identical 0 CRHE). HpakisnWUERIGERENIT Urbitat&4V-loRd k=8TET-5 Md (0084 enthg 2nd
new QMF block X( (u k) (u=0,L/M-1), it is 25respaced with hop size of s time slot (e. g 2 time slots, as

illustrated in BIEO5): EMHhis dase, HHe indiastied Qﬁeqﬁ@?\@%s M5RE bdGiRning BFR s hould be

consistent toﬁf@@e@mth/e sathdimpe slot tn tifist piens@dF Dloek Xefuky Thes dbmipstantareous
frequencies for the 1 tt| e slot of (%Z)Z'igféi should be | entlcaH to B%Weéor the 2nd time %ot in the

original QMFaorI‘E)cl«l(1 |s \R/\é?f Tﬁk §< omain using

addltmty property of QMF transform
10 [0074]
Below is the detailed description of the time stretching
algorithm in the HBE scheme in the present embodiment.
F0075]
Assuming there are 2L real-valued time domain signal, x(n), to
15  be stretched with a stretch factor s, after QMF analysis stage, there
are 2L QMF complex coefficients, composed of 2L/M time slots and M
subbands.
[0076]
Note that like STFT-based stretching method, the transformed
20  QMF coefficients are aptionally, subject to analysis windowing before
the phase manipulation. In this invention, this can be realized on
either time domain or QMF domain.
[0077]
On time domain, a time domain signal can be naturally
windowed as in (Equation 4) below.
{0078]
[Math 4]
x(n)=x(n}-h(mod(n,f,)) (Equation 4)

o
fw il

30 [007%]
The mod(.) in {Equation 4) means modulation operation.
[0080]
On the QMF domain, the equivalent operation can be realized
by:
35 [0081]
- 18-



Furthermore, since the phases for theist time slot are changed, the remaining phases are adjusted
accordingly to preserve the 35originalinstantaneousfrequencies.Thatis, - 20 -
tliu(2)(k)=llio-ii(2)(k)+A(Pu+1(k)foru=1,...,L/M-1,where
p(K)=q(Kk)-pi(k)representstheoriginalinstantaneous frequencies for the original QMF block. [0096] 5For

the succeeding synthesis blocks, the same phase modification rules.are ied. Thatis,.for the m-th
o OMIE block (s, TR R BIRRdD 3G S BN 2 CHoMH LIS aE0gT L) This
11-Jo(n)(k)=TPOfmabytkpie Ltg)"p ddikhuPe (k) RWVimlieh) (kM (pmelékd ter and, M, EINMia 098]
Incorporatin W. e original block amplitude information, the above new phases result in new L/M
blocks. [0099] 15Here, in the HBE scheme in the present embodiment, in the phase manipulation step,
a different manipulatibh 3 parttivied degeRditfy trraeyapsibeandfittex v8pesnealy, 2he wWhove
phase modifigatigrymghgd eanibe dgsigned differently for QMF odd subbands and even subbands,

respectively. 20[0100] It is based on that for a tonal signal, its instantaneous frequency in QMF
domain is as&B8&R4d with the phase difference, Licp(n,k)=9(n,k)-(p(n-1,k), in different ways. [0101]
fMath 5]

M-l
H,(v)=Y H{v.k)
F=G (Equation 5)

16 [0084]

Here, v=0,..., L/M-1,

{0085}

3) Performing the analysis windowing in QMF domain by
X(m,k)=X(m,k) Hoe(w) where w=mod(m,L/M) (It should be noted that

15  mod{.) means modulation operation).

[0086]

Furthermore, in the HBE scheme in the present embodiment, in
the phase manipulation step, the new phase is produced on the basis
of an original phase of a whole set of QMF coefficients. Specifically,

20 in the present embodiment, as a detailed realization of the time
stretching, phase manipulation is performed on the basis of QMF
block.
roo87}

FIG. 9 is a diagram of a time stretching method in QMF domain.

25 [0088]

These original QMF coefficients can be treated as L+1
overiapped QMF blocks with hop size of 1 time slot and block length of
L/M time slots, as illustrated in (a) in FIG. 9.

[0089]

30 To ensure no phase-jumping effect, each original QMF biock is
modified to generate a new QMF block with modified phases, and
phases of the new QMF blocks should be continuous at the point y-s for
the overlapping (p)-th and (p+1)-th new QMF block, which is
equivalent to continuous at the joint points p-M-s (MEN) in time

-16.



25In more detail, it is found that the instantaneous frequency w(n,k) can be determined through
(Equation 6) below. [0102] [Math 6] =-princ arg(Aco(n. 0/.71- + kk is even \princarg(Aw(n, k) - 7)1 + k k
is odd(Equation 6) 30 [0103] In (Equation 6), the princ arg(a) means the principle angle of a,
defined by (Equation 7) below. [0104] [Math 7] pr ncarg(a)=mod(cr +(Equation 7) [0105] In the
equation, mo(%a b) denotes the modulation of a over b. [0106] As a result, for example, in the

above phase modi iChition method, the phase difference could be elaborated as in (Equation 8) below.

10[0107] [MatiC8]20 Ag(k)princ arg(co”(k)- co" (k)

Furthermore, in the HBE scheme in the present embodiment, in
the phase manipulation step, manipulation is performed repeatedly

5 forsets of QMF coefficients, and in the QMF coefficient generation step,

new sets of QMF coefficients are generated. In this case, the phases
are modified on the block basis following the below criteria.
roos1]

Assuming the original phases are o©,(k} for the given QMF

10 coefficients X(u,k), foru=0,..., 2L/M-1 and k=0,..., M-1. Each original
QMF block is sequentially modified to a new QMF block, as iliustrated
in (b) in FIG. 9, where new QMF blocks are illustrated with different fill
patterns,

[00%2]

15 In the following, W."({k) represents phase information of the
n-th new QMF block for n=1,..., L/M, u=0,..., L/M-1 and k=0, 1, ..., M-1.
These new phases, depending on whether the new block is respaced or
not, are designed as follows.

[0093]

20 Assuming the 15 new QMF block X' (u,k) (u=0,..., L/M-1) is not
respaced. So the new phase information W,'*(k) is identical to @u(k).
That is, W W (K)=@u(k) for u=0,..., L/M-1and k=0, 1, .., M-1.

[0094]
For the 2" new QMF block X (u,k) (u=0, .., L/M-1), it is

25 respaced with hop size of s time slot {(e.g. 2 time slots, as iilustrated
in FIG. 9). In this case, the instantaneous frequencies at the
beginning of the block should be consistent to these at the s-th time
slot in the 1 new QMF block X®u,k). Thus, the instantaneous
frequencies for the 1% time slot of X(z)(u,k) should be identical to

30 those for the 2™ time slot in the original QMF block. That is,
Wo' (k)=Wo' P (k) +s Ags (k).

[0095]
Furthermore, since the phases for the1® time slot are changed,
the remaining phases are adjusted accordingly to preserve the

35 original instantaneous frequencies. That is,

-20 -



= prtncarg(o(k)-ff) k is even k is odd (Equation 8) [0108] 15Furthermore, in the HBE scheme in the
present embodiment, in the QMF coefficient generation step, the new sets of QMF coefficients are
overlap-added to generate the QMF coefficients corresponding to a temporally-extended audio signal.
Specifically, in order to reduce the computation amount, the QMF synthesis operation is not directly

20applied on gagh individual aew QMF block. Instead, it applied on the oyetlap-added results of those
new QMF blocKs. [6%%9]&"”'1 N@%@z’ﬁ%?ﬁké TET-bastY stretchiHg methgzmé'new QW@J&HicientS
are optionallyhgulfjertmp siinthesis (kindowiap tefaretthe 26heverlap-agddiap. Inithst prasamous
embodiment, i is windowing. prac thesis windowing can be realized as shown
below. [0110[;;%113?- (%%i)srlﬁx%\#ﬁ%(ﬁw %5R§O(W§tv@§eg&imod(u, L/M) 30[0111] Then, because
of the additivit 8POMF transform, all the new L/M blocks can be overlap-added, with the hop size of s
time slotg, prior to the: QMR gnthegis.dkigi Averlapratdediesulin ¥ek) qanebe obtgined hugh the

equation belor\xlwvb-d%fzic:-agi)%rllzr]'uies are appli i -
pplied. That is, for the m-th new QMF block
(m=3,..., L/M), its phases W, ™ (k) are decided as shown below,
[0097]
W™ (k)=We ™ (k) +5 Apm-1(k)
10 W ™)=Y, MK+ AP -1 (K) for u=1,..., L/M-1,

[0098]

Incorporating with the original block amplitude information, the
above new phases result in new L/M blocks.
[0099]

15 Here, in the HBE scheme in the present embodiment, in the
phase manipulation step, a different manipulation is performed
depending on a QMF subband index. Specifically, the above phase
modification method can be designed differently for QMF odd
subbands and even subbands, respectively.

20 [01003

It is based on that for a tonal signal, its instantaneous
frequency in QMF domain is associated with the phase difference,
Ap(n,k)=p(n,k)-p(n-1,k), in different ways.

[0101]
25 In more detail, it is found that the instantaneous fregquency
w(n,k) can be determined through (Equation 6) below.
[0102]
[Math 6]

princarglAplnk))/ z+k  kiseven
wink)=

princarg(A@in.k)-z)im+k kis odd (Equation 6)

30
[0103]
In (Equation 6), the princ arg(a) means the principle angle of g,
defined by {(Equation 7) below.
10104}



[Math 9] I(ns +u,k)=Y(ns +u,10+ Ar("41)(u,k)(Equation 9) [0113] Here, n=0,..., L/IM-1, u=1,..., L/M, and
k=0,..., M-1. [0114]The final audio signal can be generated by applying the QMF synthesis on the
Y (u,k), which corresponds to original signal with modified time scale. 10[0115] Comparing the
QMF-based stretching method in the HBE scheme in the present embodiment with the prior-art
STFT-based sife %hi g method, it is worth noting that the inherent time resolution of QMF transform
helps to significantly reduce the computation amount, which can only be obtained with a series of
STFT transfoﬁﬂgﬁiﬁfbﬁﬂgr?afﬂoé *Tﬂb'a%@}j’@fretching method. [0116]Equatibe following computation
amount analysis shows a rough computation amount comparison result by only considering the 20
computation amount contributed from transforms. [0117] Assuming the computation amount of
STFT of sizellBiU8d2(L)L and the computation amount of a QMF analysis transform is about twice
that of afFT transfc_)m,tqlqg EaNRIeIFhCOMBH i afeeiitiedd tRWIvRSH D e PR fag Brespgctrum
generator is ?Bﬁrf%é(lﬁated as shown below. [0118] [Math 10] y R 2 -log,(L) (7- -0+ (2L)log, (2L)--- 2,
[0119] -1)+X) ) (Equation 10)

As a result, for example, in the above phase modification

method, the phase difference couid be elaborated as in (Equation 8)

below.
10 [0107]
[Math 8]
A, (E) m{ ?rincarg((q!(k)—qo”_,(k)) k i.s even
iprmcarg(q:ru(k)——(pu_](k)—ir) kisodd (Equation 8)
[0108]
15 Furthermore, in the HBE scheme in the present embodiment, in

the QMF coefficient generation step, the new sets of QMF coefficients
are overlap-added to generate the QMF coefficients corresponding to
a temporally-extended audio signal. Specifically, in order to reduce
the computation amount, the QMF synthesis operation is not directly
20 applied on each individuai new QMF biock. Instead, it applied on the
overiap-added results of those new QMF blocks.
[0109]
Note that like STFT-based stretching method, the new QMF
coefficients are optionally, subject to synthesis windowing before the
25 overlap-adding. In the present embodiment, like the analysis
windowing process, the synthesis windowing can be realized as shown
below.
[0110]
XDy k=X 0y, k) -Ho{w), where w=mod(u, L/M)
30 [0111]
Then, because of the additivity of QMF transform, all the new
L/M blocks can be overiap-added, with the hop size of s time slots,
prior to the QMF synthesis. The overlap-added results Y(u,k) can be
obtained through the equation below.

72,



By comparison, the transform computation amount involved in the HF spectrum generator in the

present embodiment is approximated as shown in (Equation 11) below. - 23 - [0121] For

example, assuming L=1024 and Ra=128, the above computation amount comparison can be

concreted in Table 1. [0122] [Table 1] Harmonic patch number (T) t Transform computation amount

involved in ti;g&g{rf ching in present embodiment Transform computation amount involved in prior-art
0

time stretchi imputa tion amount ratios 3 , 133335 350208 9.52% 4 |, 42551 1
[Math 9]

Y(ns+u.k)=Yins +uk)+ X" k) (Equation 9)
5 [0113]

Here, n=0,..., L/M-1, u=1,..., L/M, and k=0,..., M-1.

[0114] The final audio signal can be generated by applying the
QMF synthesis on the Y{u,k), which corresponds to original signal with
modified time scale,

10 [0115]

Comparing the QMF-based stretching method in the HBE
scheme in the present embodiment with the prior-art STFT-based
stretching method, it is worth noting that the inherent time resolution
of QMF transform helps to significantly reduce the computation

15 amount, which can only be obtained with a series of STFT transforms
in prior-art STFT-based stretching method.
[0116]

The following computation amount analysis shows a rough

computation amount comparison result by only considering the
20 computation amount contributed from transforms.
[0117]

Assuming the computation amount of STFT of size L is ioga(L):L
and the computation amount of a QMF analysis transform is about
twice that of a FFT transform, the transform computation amount

25 involved in the prior-art HF spectrum generator is approximated as
shown below.

[0118]

[Math 10)

;@;zw&ngmewU+@Lh@2uwxZL%;;mewﬁ)mezu) (Equation 10)
30

f0119]

By comparison, the transform computation amount invoived in
the HF specirum generator in the present embodiment s
approximated as shown in (Equation 11) below.
-23 -



514048 8.28% 5 1 149660 677888 7.33% 10Tab.1 Computation amount comparison between prior
art HBE and the proposed HBE with adoption of QMF-based time stretching in the present
embodiment [0123] (Second Embodiment) 15Hereinafter, a second embodiment of the HBE scheme
(harmonic bandwidth extension method) and a decoder (audio decoder or audio decoding apparatus)
using the samlsél'u@ibe described in detail. [0124] 20Note that with adopting of the QMF-based time
stretching method, the HBE technology used the QMF-based time stretching method has much lower
computation E¥aitmtl Hbwever, on the other hand, adopting the QMF-based time stretching method
also brings twor oss'gle problems which have risks to degrade the sound quality. 25[0125] Firstly,
there is quali@ﬁ&;ﬁ% a\?@i{) 0 fd/[hiéhi@ﬂd@r)patch. Assume that a HF spectrum is composed
with (T-1) patcfres with corresponditig stretching factors as(Z®JatianHekause the QMF-based time
stretching is block based, the reduced number of overlap-add operation in high order patch causes
degradat:ion i st]#leéj\tling effect. [0126] FIG. 10 is a diagram showing sinusoid tonal signal. The
upper pahel s the stretched effect of a 2nd order patch for a pure

For example, assuming [=1024 and Ra=128, the above
computation amount comparison can be concreted in Tabie 1.

[0122]
[Table 1]

Transform |

) Transform _
) computation _ Computa

Harmonic computation

amount involved tion
patch number | ) amount involved

in time stretching | ) ) amount
(T) ] in prior-art time _

in present ratios

) stretching

embodiment

133335 350208 9.52%

42551 514048 8.28%
5 49660 677888 7.33%

10 Tab.1 Computation amount comparison between prior art HBE

and the proposed HBE with adoption of QMF-based time stretching in
the present embodiment
[0123]

(Second Embodiment)

15 Hereinafter, a second embodiment of the HBE scheme
(harmonic bandwidth extension method) and a decoder (audio
decoder or audio decoding apparatus) using the same shall be
described in detail.

[6124]

20 Note that with adopting of the QMF-based time stretching
method, the HBE technology used the QMF-based time stretching
method has much lower computation amount. However, on the other
hand, adopting the QMF-based time strefching method also brings two

possible problems which have risks to degrade the sound gquality.
25 [0125]
.24.



10 sinusoid tonal signal, the stretched output is basically clean, with only a few other frequency
components presented at small amplitudes. While the lower panel (b) shows the stretched effect of a
4th order patch for the same sinusoid tonal signal. [0127] 15Comparing to (a), it can be seen that
although the center frequency is correctly shifted in (b), the resulting output also includes some other

frequency components with non-ignorable amplitude, This may result in the updesjred noises
presented in the stre%téﬁgevccf\{jut%%?%O[bs.Lz%fgmysg%gr{g@,gfhé% i€ B%lgé?o% CF%I%) ’@%brgéét%n
problem for tezistént siypaisTSuth atgaatity dpgettation ipradenposgchavitld otential aoridisution
sources. (0139} 25 T2 USLeANRYISR A3 HaLiBedransiont somponent gy s hing the
resampling. Assuming a transient Signal with a Dirac impulse located at ah even sample, for a 4th

order patch i Gebmpassbrfinng raktistehinguth BIofkc Aagsge diRgppeditardne vsedapled signal.
As a resylt, the sesalingddr sperism Ram3tinpemplgiertransient capeeniedeadakion whe

second contribution s,ource(if the misaligned transient components among different patches. Because
the patches ﬁ&\?@%ﬁé’?&?ﬁ g&itnpling factor, a Dirac impulse located at a specified 35 position may

have several[¢bhd®hents located at the different time - 25- slots in the QMF domain. [0131] FIG.

11 is a diagram showy isalignment and energy spread effect. Eor an input with Rjrac impulse (e.g.
in FIG. 11, presente g@ mle%%'rg ga‘%ﬁl ,ﬁmsﬁ%tgeyg!iﬁ r%y ug é(rj r%%g?};\]pﬁrggnv?lvlyth di‘f#é(reelril 1Ba%fors, its
position is cheaged tadiffdrempabigontretshadseaffens sifeectitl autgershews péeceptualiye

attenuaied trapsient gffesh J0L3gh e dhitd epatrhuip ég\gtgﬁ{gs thatiiha snergias of kangiens 10

components are spread unevenly among different patc own in .
a few other frequency components presented at small amplitudes.

While the lower panel (b) shows the stretched effect of a 4™ order
patch for the same sinusoid tonal signal.
[0127]

15 Comparing to (a), it can be seen that although the center
frequency is correctly shifted in (b), the resulting output also includes
some other frequency components with non-ignorable amplitude.
This may result in the undesired noises presented in the stretched
output.

20 [0128]

Secondly, there is possible quality degradation problem for
transient signals. Such a quality degradation problem may have 3
potential contribution sources.
r0129]

25 The first contribution source is that the transient component
may be lost during the resampling. Assuming a transient signal with
a Dirac impulse located at an even sample, for a 4" order patch with
decimation with factor of 2, such a Dirac impulse disappears in the

resampled signal. As a result, the resulting HF spectrum has
30 incomplete transient components.
[0130]

The second contribution source is the misaligned transient
components among different patches. Because the patches have
different resampling factor, & Dirac impulse located at a specified

35 position may have several components located at the different time

.25



FIG. 11, with the 2nd order patch, the associated transient component is spread to the 5th and 6th
samples; with the 3rd order patch, to the 4th r'i 6th o samples; and with the 4th order patch, to the
5th8th 06 samples. As a result, the stretched output has weaker transient effect at higher
15frequency. For some critical transient signals, the stretched output even shows some annoying pre-
and post-echq acttefactf. L:O@]F To overcome the above quality degradation problem, an
enhanced HB%OteSCHHo ogy i des(ijrga? ?—f&Never, too complicated 20 solution also increases the
computation &hbaaf In the present embodiment, a QMF-based pitch shifting method is used to avoid

the possible quality d@glga io | intain.the | i V. . [0134]
25As described in detail be évvlglr%r t%&égl—ggépﬁc_me ;hgr?ﬁcl)g% an éﬁ&%@%ﬁr&ﬁeﬁ%ﬁgﬁ the
present embdfiffght, HRSREHIRMUeWsERIO irpthE MBESEchAdlodyiff ke prés@mesanbéaimest is
designedswith hetistimeastreirhing ard ritelysivftigeayrpcast: i QUELAMARY FnFhermeres &fecoder

(audio decod?r or audio decoding 30 apparatus) using the HBE in the present embodiment shall also

be described 'RSbV G01H5POSItRG 1§ £ RADAGHFR LSRR PR HERMdthAXBASSH hethSd in the

present embagtireeah &S[0ULB 6 shovibipbandpidihi Bxteosinnumesiodrs sshandwitfdcextension
method for prﬂ¥§i9 a full bandwidth signal from a low frequency bandwidth signal, the method
St

including: a first transform step of transforming the low frequency bandwidth signal into a quadrature 5
mirror filter bank (QMH) &ldmniiel toogenméatt arfirse lovedréquinay QMF specgies; afldweorderdiarmonic

D e B e Ll 8 G Ay B P I S e

bandwidth signal in a QMF domain; requency c};tene tion step of (i) generating signals that are
pitch shifted, BYappi¥iny tifdieat20 ShAEcoRRIGENENS Besedi akasr Hantdaie lhatsn paeEm)

gendt?][;tingtﬁ %@ﬁieawx%ﬁfaﬂ@rem grtgm ;s:p@fsyqiﬁwsaf; %ogotrayamoagi@gqpeosl%%oﬁa_t_
modirying tne ni requency spectru 0 IS Ignh Treguency ener an nality conditions;
and a full bandwidths 8?&&6@&6%%&555@%@2 BRI FBQE&MO‘EH 3 g{y“ifj’gc{ﬁc))ﬁﬁﬁﬁm@ﬁwe

modified highXequermy!QMirespectituh adtio thig fitshlowwegkancyr@Vdiepeelfiwat at higher

15 frequency. For some critical transient signals, the stretched output

even shows some annoying pre- and post-echo artefacts.
(0133]

To overcome the above quality degradation probiem, an
enhanced HBE technoiogy is desired. However, too complicated

20  solution also increases the computation amount. In the present
embodiment, a QMF-based pitch shifting method is used to avoid the
possible quality degradation probiem and maintain the low
computation amount advantage.

[0134]

25 As described in detaii below, in the HBE scheme (harmonic
bandwidth extension method) in the present embodiment, HF
spectrum generator in the HBE technoiogy in the present embodiment
is designed with both time stretching and pitch shifting process in QMF
domain. Furthermore, a decoder (audio decoder or audio decoding

30 apparatus) using the HBE in the present embodiment shall also be
described below.

[0135]
FIG. 12 is a flowchart showing the bandwidth extension method
in the present embodiment.

35 [0136]
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[0137] It should be noted that the first transform step is performed by a T-F transform unit 1508 to
be described later, the low order 20 harmonic patch generation step is performed by a QMF transform
1503, a time-stretching unit 1504, a QMF transform unit 601, and a phase vocoder 603 to be
described later. In addition, the high frequency generation step is performed by a pitch shifting unit

1506, bandpass units.604 and 605, frequency extension units, 606 and 607, 25 and delay alignment
units 608 10 610 to b3 AscHBLG TA R ATHERRIAR B S uCH i e HRAHEH St R ERsHRd by a
HF post-proceassirtigouhifdis @ odl beidesaitfed i ldtam dnddhi faligremidfridtin genieratidnesie@iscy
performed by, ithon uni 2.4013 h e low grder ic pat engration
step includes%\g?e%%@g Qraﬁgé%ﬂr{ stt[ﬁpéo?%éggé)grm?ﬁgﬂglé 'frgqﬁe%gy %%ﬁd%:%%ﬁﬁségggﬂ n?(f a

second low freG@RSTE DM speetriaw {1Rmdpasy step\stvititpassng thensecand (G filurency
QMF spegtrupy;; it Fistetdunastepva sHelehing te handpassed Aeeend 3 iy fieqrensMRMF

spectrum along a temporal dimension. - 27 - [0139] It should be noted that the second transform

step is perforABTHAR GMBW KB R EIi G RE IS ORRAFaL6HHIEN: ABaS NAEASERGAsS step
is performed ywa hantass it 6820 hbetdiscusgedilater; nd ihe streteding alers pedaryped by
the phase vogaoder, 60 t&nd.the ti'me-str@ﬁyn unit 1504. 0.11%Furthermore, the second low
frequency QM SPEEIFM RS YHel Héq cyg}%%ﬂjﬁmat 1Ot THIHER e dGEHIPEMR §h&8Brum.
[0141] Furthérnmoe ehethigh femetscyiyehaationistep shdfides: bypachpemeratidiestep of
bandpassing ; iC r tches; a hig ration
A D SRR R ek L et
harmonic patéheBi@hd & eamans ke R BumpaRGruEthd 1Hgh offiér hal@ToRie;patchep edti e low

order harmonyg patef d04kiishadRe agipth Hhatiberpgishrasng@tion stards Hesforrgd 29 by the

bandpass units 604 and 605, the high order generation step is Performed by the frequency extension

) : ) Dy
units 606 andPEOE ANPIRE sIFINEREY s eRH thand kHdiGeR AHiIt 1S toastdiscd&déd later.
bandwidth generation step of generating the full bandwidth signal by

15 combining the modified high frequency QMF spectrum with the first

tow frequency QMF spectrum.
[0137]

It should be noted that the first transform step is performed by
a T-F transform unit 1508 to be described later, the low order

20 harmonic patch generation step is performed by a QMF transform
1503, a time-stretching unit 1504, a QMF transform unit 601, and a
phase vocoder 603 to be described later. In addition, the high
frequency generation step is performed by a pitch shifting unit 1506,
bandpass units 604 and 605, frequency extension units 606 and 607,

25 and delay alignment units 608 to 610 to be described later
Furthermore, the spectrum modification step is performed by a HF
post-processing unit 1507 to be described later, and the full
bandwidth generation step is performed by an addition unit 1512,
[0138]

30 Furthermore, the low order harmonic patch generation step
includes: a second transform step of transforming the low freguency
bandwidth signal into a second low freguency QMF spectrum; a
bandpass step of bandpassing the second low frequency QMF
spectrum; and a stretching step of stretching the bandpassed second

35 iow frequency QMF spectrum along a temporal dimension.
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[0143] 25FIG. 13 is a diagram showing the HF spectrum generator in the HBE scheme in the present
embodiment. The HF spectrum generator includes the QMF transform unit 601, the bandpass units
602, 604, ..., and 605, the phase vocoder 603, the frequency extension unit 606, ..., and 607, the delay
alignment units 608, 609, ..., and 610, and the 30addition unit 611. [0144] A given LF bandwidth
input is firstly%&;ﬁr;)séarmed (601) into QMF domain, its bandpassed (602) QMF spectrum is time
stretched (60 uble length. The stretched QMF spectrum is bandpassed 35 (604-605) to produce
bandlimited (T-2) spétterdihied resultimiged28a bahdlisttenrspecaa sfermarsiate dy Go&-GarHrimtb higher

equency bapgWkih SRREIEAaFupsfiik RERts: i el e ENAAION o RampeRsatefhe

potential different delay contributions from spectrum tran process and summed up

generate the HAAICHIR SSspEERUIR. MESHOLTE B Mited thanekluhsst thelhifrierdis 602 Wisadsaed
parentheses phaye derpiraseeastitert sirpert pldhe Hin sRepUR g9hkrRlerI0d4aLNejg shat

comparing to the QMF transform é108_ in Fig.1), the ic QMF transform in the HBE scheme in the
present embGIh M ONREFSHESHRA DMt 60D AaPfiner frequency resolution, the decreasing time
resolution wil[ be 40mpensated by the succeeding stretching operation. [0146] 15Comparing the HBE
scheme in the preser‘}t e bé)[gir%e%_nt \égl,tlh the riocri- rt scheme (FIG. Q it can be seen that the main
differences are 1) like e Hrst&Ribo |meer§t? e time Lurd e np%c g@ iSESHUUCEY rl}‘laé Eetfomain,
not in FFT ddimain; 2) highesofdérqratohes divegéinstatesvbirsmgiumm2yd QMEr spatetty 8the pitch
shifting p(goce[s&igg(]) also conducted in QMF domain, not in time domain. [0147] FIG. 14 is a
diagram showing the decoder adopting the HF spectrum generator in the HBE scheme in the present
embodiment. The deE&deR ¢aHIRT Ge & P airEREs) ShYd S£a SeatimiplSkemit D5l uges; a2

decoding unitLR0P, Hren@MIiBANSIeR kRIS 2t HiEeradr RichiBY i 150 Grielawaligngent unit
1505, the pitch-shiftin ug;t%lllF%S 6, the HF|£§)OSt- rocessing unit 1507, the T-F transform unit 1508, a

delay alignm&flRitt50 RASTSEF-PREARRPm dhit L8, 2hE &h RRRBFAGRM52EER sRbuld be

noted mapping each of the bandpassed patches into high freguency to

15 generate high order harmonic patches; and a sum-up step of summing
up the high order harmonic patches with the low order harmonic
patch.

[0142]
It should be noted that the patch generation step is performed

20 by the bandpass units 604 and 605, the high order generation step is
performed by the freguency extension units 606 and 607, and the
sum-up step is performed by the an addition unit 611 to be discussed
later,

[0143]

25 FIG. 13 is a diagram showing the HF spectrum generator in the
HBE scheme in the present embodiment. The HF spectrum generator
inciudes the QMF transform unit 601, the bandpass units 602, 604, ...,
and 605, the phase vocoder 603, the frequency extension unit 606, ...,
and 607, the delay alignment units 608, 609, .., and 610, and the

30 addition unit 611.

[0144]
A given LF bandwidth input is firstly transformed (601) into
QMF domain, its bandpassed (602) QMF spectrum is time stretched
(603) to double length. The stretched QMF spectrum is bandpassed
35 (604~605) to produce bandlimited (T-2) spectra. The resulting
.08 .



30 that, in the present embodiment, the demultiplex unit 1501 corresponds to the separation unit which
separates a coded low frequency bandwidth signal from coded information (bitstream). Furthermore,
the inverse T-F transform unit 1510 corresponds to the inverse transform unit which transforms a full
bandwidth signal, from 35 a quadrature mirror filter bank (QMF) domain signal to a time domain

signal. [0148 Nith, the decoder, the bitstream is de Ipe (1501) first, the signal LF part is
then decodegj ?ﬁ%}%& 1It§ gps rgf%rilﬂgtéa B%lellrl%r]& Elgep%r{,gtﬁtéodiéé@%éd rI'_Ql'i:))pa‘rgf?c?vr\'/ f@%ﬂ%ﬁ@f e
bandwidth sig@ v icHiskpeeiddl508h reQ MF doraatrzoajendelmyl # QMeEdH6&Rmb T tesulting

LF QMF speciippisstgtehac(JRAA A iAo @J}'ﬁgﬂg@%#%&&ﬁ@h@%ﬁmwsggwd Rypatch.

The low order HF patch is pitch shifted (1506) to generate @3:1 order patches. The resulting 10 high
order patche&rgfst8MBMRAITRRRRIANEH BHHUERY silet fHlpatéh Geg&iakrethe dhaatrUif the HF

spectrun is fyghetrarned (5o binsstrisecesei:; HadeY dfecaeidR.ehepas decodgdll in
parameters. Meanwhile, the decoded LF ;t)[%t is also transformeg (1508) 2%[0 QMF domain. In the end,

the refined HRESEGT 85c8RBIHfed GtR TSy SPATHSY ER S FeeMMT torbaGcH [1%r 85 Fu ™
bandwidth Qlyrspedicum. The resulting full bandwidth QMF spectrum is converted (1510) back to
time domainé%?&i%n the decoded wideband audio signal. It should be noted that each of the
numerals 1501 to I512 denotes a constituent element of the decoder. 20 [0149] The pitch shifting
method A QMFNated:pidhcsiiftar sgbrithrin@reQbendyrarteinding (iddBothinF@VIE)ddvnain) for

the piciyshifting i 308G HEe sqlismedn i orpsa £ HPRdRRNL D ASIRARY omr

decomposing the LF 25 QMF subbands into plural sub-subbands, transposing those sub-subbands
into HF subb&rRIRSERIEolTHihiRE thie FestidHYSIF S8BBEAS oGSO B HEN S RS aShagifically,

the high ordeti geaeratienstrpinglidesea spliffiersicn&f spljting eagh QUESRWPa¢dr@aeyof the
bandpassed patches into multiple 30 sub-subbands; a mapping step of mapping the sub-subbands to
high frequen&P 'Qlbbands; and a combining step of combining results of the sub-subband
mapping. [01B0E46] It should be noted that the splitting step corresponds to step 1 35 (901-903) to

Do oo comon AR BR AN T BRAASR B AR R
diagram showifi§ st $ OMsasetpitéh stifcan be seen that the main differences are
1) like the first embodiment, the time stretching process is conducted
in QMF domain, not in FFT domain; 2) higher order patches are
generated based on 2"! order patch; 3) the pitch shifting process is
20 aiso conducted in QMF domain, not in time domain.
[0147]

FIG. 14 is a diagram showing the decoder adopting the HF
spectrum generator in the HBE scheme in the present embodiment.
The decoder (audio decoding apparatus) includes a demultiplex unit
1501, a decoding unit 1502, the QMF transform unit 1503, the
time-stretching unit 1504, a delay alignment unit 1505, the
pitch-shifting unit 1506, the HF post-processing unit 1507, the T-F
transform unit 1508, a delay alignment unit 1509, an inverse T-F
transform unit 1510, and an addition unit 1511, It should be noted
30 that, in the present embodiment, the demultiplex unit 1501

[+
ed}

corresponds to the separation unit which separates a coded low
frequency bandwidth signal from coded information (bitstream).
Furthermore, the inverse T-F transform unit 1510 corresponds to the
inverse transform unit which transforms a full bandwidth signal, from
35 a quadrature mirror filter bank (QMF) domain signal to a time domain
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5 algorithm. Given a bandpassed spectrum of the 2nd order patch, the HF spectrum of a t-th (t>2)
order patch can be reconstructed by: 1) decomposing (step 1: 901-903) the given LF spectrum, i.e.,
each QMF subband inside the LF spectrum is decomposed into multiple QMF sub-subbands; 2)
scaling (step 2: 904-906) the center frequencies of 10 those sub-subbands with factor of t/2; 3)
mapping (st(;ﬂghgp?-gw) those sub-subbands into HF subbands; 4) summing up all mapped
sub-subbands fo form HF subbands (step 4: 910). [0152] For step 1, a few methods are available to
decompose 4@IMB 15 subband into multiple sub-subbands in order to obtain better frequency

resolution. For examﬁﬁhg@-gg%@ E(F,htb?é‘%f é%r‘setﬁlg{ gee @gﬁ.ggspg mé\gggq g%@qqnﬁ{g{qec. In

this preferred embodiment of the invention, the subband decomposition'is realized by applying an
additional setBfexistiehtdiPRbuifaidtenisasaiedoldetféd by (BRBAGR 1) BEfOR[6153] [Math
12] [Ir g8 (NHF e +t0 -Bi@ deiBadation 33y 2503l Frequderey d5RdRitth . ghal) Qsl and

the above ARSI TR or A GO s 38 e e PSULERIE skinaPlf P8 G eDihposed
into 2Q sub-Subbared sigiats ldc@iihgie (Equaticn sk3kbetosd [Q156HMatbriB ] Hr) te copufeh, k), g
tg‘e))égr?\‘jgﬂ‘;gi ri?r%)u%[tggljgﬂo gendiSte 8769 Pddr 1P PateiR-1PRANG RARLRD HFPRY R flenotes
pitch shifted (1506) to generate high order patches. The resulting
10 high order patches are combined with delayed (1505) low order HF
patch to generate HF spectrum, the HF spectrum is further refined
(1507) by post-processing, under the guide of some decoded HF
parameters., Meanwhile, the decoded LF part is also transformed
(1508) into QMF domain., In the end, the refined HF spectrum
15 combined with delayed (1509) LF spectrum to produce (1512) full
bandwidth QMF spectrum. The resulting full bandwidth QMF
spectrum is converted (1510) back to time domain to output the
decoded wideband audio signal. It shoulid be noted that each of the
numerals 1501 to 1512 denotes a constituent element of the decoder.
20 [0149]
The pitch shifting method
A QMF-based pitch shifting algorithm (frequency extending
method in QMF domain) for the pitch-shifting unit 1506 in the HBE
scheme in the present embodiment is designed by decomposing the LF
25  QMF subbands into plural sub-subbands, transposing those
sub-subbands into HF subbands, and combining the resulting HF
subbands to generate a HF spectrum. Specifically, the high order
generation step includes: a splitting step of splitting each QMF
subband in each of the bandpassed patches into multiple
30 sub-subbands; a mapping step of mapping the sub-subbands to high
frequency QMF subbands; and a combining step of combining results
of the sub-subband mapping.
[0150]
It should be noted that the splitting step corresponds to step 1
35 (901~903) to be described later, the mapping step corresponds to
- 30 -



[0158] With such an additional complex transform, the frequency spectrum of one subband is
further split into 2Q sub-frequency spectrum. From the frequency resolution point of view, if the QMF
10 transform has M-band, its associated subband frequency resolution is n/m and its sub-subband
frequency resolution is refined to 11/(2Q.M). In addition, the overall system shown in (Equation 14) is

Math 14] 0 LR o B L TOet) ANBES it b e SAthaar e LS ety
stacked (the f£utoe sROME) switicktaeahd Ble itonbetesashaads!eéatered around the DC value.

Rather, for apgven Q number, the center frequencies of the sub-subbands are symmetric around
zero. [0161] 25FIG. 16 is a graph showing a sub-subband spectra distribution. Specifically, FIG. 16

shows such a filter bR speetrifm JisiRatRM st iage e 62 TRYSuRRER G BAECHI@Y Stack is to
facilitate ghe latgositravbbamid eembipatierp 4964 3pEet pien dthp eeterdraayepsiasscaiag can

Note that in (1 CREUOIE dorhin, RS e LGS bAALE GrAfhbsnt SHBBSNEL HEAILD ach bther,
frequency conpomeT irsthg deddapizoB e vedld AppeargiMantn Subbants.i(See i amtior@MFatent
Application Publigation NRs W@ 2026048810 Pl0H84s decomposed into multiple QMF
sub-subbands; 2) scaling (step 2: 904~906) the center freguencies of
16 those sub-subbands with factor of t/2; 3) mapping (step 3: 907~909)
those sub-subbands into HF subbands; 4) summing up all mapped
sub-subbands to form HF subbands {step 4: 910).
[0152]
For step 1, a few methods are available to decompose a QMF
15 subband into multiple sub-subbands in order to obtain better
frequency resolution. For example, the so-called Mth band filters
that are adopted in MPEG surround codec. In this preferred
embodiment of the invention, the subband decomposition is realized
by applying an additional set of exponentially modulated filter bank,
20 defined by (Equation 12) below.
{0153]

[Math 12]
. [ 7 N i
gq(n)=@<pifw5-(MOJ)(WHO)?
¥ J (Equation 12)

25 [0154]
Here, g=-Q, -Q+1,.., 0, 1,..., Q-1 and n=0, 1,..., N {where ng
is an integer constant, N is the order of filter bank).
[0155]
By adopting the above filter bank, a given subband signal, say,
30 the k-th subband signal x(n,k}, is decomposed into 2Q sub-subband
signais according te (Equation 13) below.
[0156]
[Math 13]

-31-



As a result, the frequency scaling can be simplified to half computation amount by only calculating
frequencies for those sub-subbands residing on the pass band, that is, the positive frequency part for
an even subband or negative frequency part for an 10 odd subband. [0165] In more detail, the
kis-th subband is split into 2Q sub-subbands. In other words, x(n,kLF) is divided as shown in (Equation
15) below. [0166] 15[Math 15] (Equation 15) [0167] Subsequently, in order to produce the t-th
order patch, th?(ﬁbzc@nne{x@ndajugﬂ@i)és of those sub-subbara re, gﬁlelci3 sing (Equation 16) below.
[0168] [Math 16] tale (Equation 16) 25 [0169] Here, q:%%@j -I Wwhen kis is odd, or g=0,
1,..., Q-1 when kis is even. [0170] 30For step 3, mapping the sub-subbands into HF subband also
needs to take into account the characteristics of complex QMF transform. In the present embodiment,
such a mappﬁ%lérgéess is carried out in two steps, first is to straight-forwardly map all .33 -

Here, g=-Q, -Q+1,.., 0, 1,..., Q=1. In the equation, ‘conv(.)’
5 denotes the convolution function.
[0158]

With such an additional complex transform, the freguency
spectrum of one subband is further split inte 2Q sub-frequency
spectrum. From the freguency resolution point of view, if the QMF

10  transform has M-band, its associated subband frequency resolution is
/M and its sub-subband frequency resolution is refined to N/(2Q-M),
In addition, the overall system shown in (Equation 14) is
time-invariant, that is, free of aliasing, in spite of the use of
downsampling and upsampling.

15 [0159]
[Math 14]
O-1
> g,(p)
4==0 (Equation 14)
[01e60]
20 Note that the above additional filter bank is oddly stacked (the

factor g+0.5), which means there is no sub-subbands centered
around the DC value. Rather, for an even Q number, the center
frequencies of the sub-subbands are symmetric around zero.

[0161]

25 FIG. 16 is a graph showing a sub-subband spectra distribution.
Specifically, FIG. 16 shows such a filter bank spectrum distribution for
the case of Q=6. The purpose of the oddly stack is to facilitate the
later sub-subband combination.

(01e2]

30 For step 2, the center freguencies scaling can be simplified by
considering the oversampling characteristics of the complex QMF
transform.
f0163]



sub-subbands on the pass band into HF subband; second, based on the above mapping result, to map
all sub-subbands on the stop band into HF subband. Specifically, the mapping step includes: a division
step of dividing the sub-subbands of each of the QMF subbands into a 5 stop band part and a pass
band part; a frequency computation step of computing transposed center frequencies of the
sub-subbands on th S rt with patc t.factQr; q first pi

mapping the sub-sug\é%%%s on hgr?pgévé b%fter’l% é'é%grﬁ%ﬂh%?ﬁﬁ%éﬁtygéﬁé% %a%d&ggarc?é%’fﬁflg to the
center frequendjés;ehd U bb secstng veppin@sed of reppnbre@LERIDCUIsIaN oS be el Btép Hand
part into highteaigncy QM 3hbasds asearingre fis sibhaibpaadsielibe-nass ban pak0171]

To understand the anye point, It is advantageous to review 15 WE%t relationship exists for a pair
positive frequRBYIGAL ABRHP FREFEhNForie SHRECMBA Ldiponent and their associated
subbandgndi¢es. §a472] As aforementioned, in the complex QMF domain, a sinusoid 20 spectrum has
both a positive and negative frequency. Specifically, the sinusoidal spectrum has gne out of thpse
frequencies in the pdas BBrEFSFihe BN SERNERCIG ) BVRef BFhEreclRRLISS h tfe B8P band o
an adjacent subirgnat Ztomsidenmg dre Qb tranbforreik anadddty -sfaekpostmarisformio sudihagmir of
signal compopents.c ill 2d in EIG. [0 165, 17 is,a diagram showi e
relationship b%?v%egﬁ%eg §§§s glaér%c?& ggrﬁpo%&e;nt%gﬁd éé%kbartl)g Egcr;hpjg)zr-llggt f%ér’ a g%sg}l%ﬁ?\\}émplex
QMF domainf3ojeEngy pamtidas; e gesafebiaisicetiresspiventr efia eolsyanarcdépamarbitrary
sinusoid gigngl{in sQle ling) on the pass band of a subband, its aliasing part (in dashed line) is located
in the stop band of the adjacent subband (the paired two frequency components are 35associated by a
line with douﬂl@%@r%%s). - 34 - [0175] A sinusoid signal with frequency fo as shown in (Equation 17)

below. In more detail, the k.e~th subband is split into 2Q sub-subbands.
In other words, x{n,k.r) is divided as shown in (Equation 15) below.
[0166]
15 [Math 15]
o
e (”)) (Equation 15)
10167]

Subsequently, in order to produce the t-th order patch, the
20 center frequencies of those sub-subbands are scaled using (Equation

16) below.
[0168]
[Math 16]
fl, = (km 40544 ;OO ) . [g\ xa
! =/ (Eguation 16)
25
10169}
Here, q=-Q, —Q+1,..., =1 when k. r is odd, or g=0, 1,..., Q-1
when ki r is even.
{01707
30 For step 3, mapping the sub-subbands intc HF subband also

needs to take into account the characteristics of complex QMF

transform. In the present embodiment, such a mapping process is

carried out in two steps, first is to straight-forwardly map all
- 33 -



[0176] [Math 17] TC1 (2M).(2M)1 (Equation 17) [0177] The pass band component of the
sinusoidal signal with the 10 above-described frequency fo resides on the k-th subband if (Equation 15
18) below is satisfied. [0178] [Math 18] kn.+1) 71" f 0 (Equation 18) [0179] In addition, its stop
band component resides on the k--th subband if (Equation 19) below is satisfied. [0180] 20[Math 19]

K_litk 7t70 _s6+0rBhlkdd Bk ¢ ekt Nd into HF subband: second, based on
the above mapping result, to map all sub-subbands on the stop band
into HF subband. Specifically, the mapping step includes: a division
step of dividing the sub-subbands of each of the QMF subbands into a

5 stop band part and a pass band part; a frequency computation step of
computing transposed center frequencies of the sub-subbands on the
pass band part with patch order dependent factor; a first mapping
step of mapping the sub-subbands on the pass band part into high
frequency QMF subbands according to the center frequencies; and a

10 second mapping step of mapping the sub-subbands on the stop band
part into high frequency QMF subbands according to the sub-subbands
of the pass band part.
(0171
To understand the above point, it is advantageous to review
15 what relationship exists for a pair positive frequency and negative
frequency for the same signal component and their associated
subband indices.
[0172]
As aforementioned, in the complex QMF domain, a sinusoid
20 spectrum has both a positive and negative frequency. Specifically,
the sinusoidal spectrum has one out of those frequencies in the pass
band of one QMF subband and the other of the frequencies in the stop
band of an adjacent subband. Considering the QMF transform is an
oddly-stacked transform, such a pair of signal components can be
25 illustrated in FIG. 17.
r0173]

FIG. 17 is a diagram showing the relationship between the pass
band component and stop band component for a sinusoidal in complex
QMF domain.

30 [0174]

Here, the grey area denotes the stop band of a subband. For
an arbitrary sinusoid signal (in solid line) on the pass band of &
subband, its aliasing part (in dashed line) is located in the stop band
of the adjacent subband (the paired two frequency componenis are

35 associated by a line with double arrows).
- 34 -



0 (Equation 19) [0181] If a subband is decomposed into 2Q sub-subbands, the above 25relation
is elaborated with higher frequency resolution as shown in FIG. 20 below. [0182] [Math 20] for -%
.g-< -1 when k is even; or fol when k is odd for -clg-<-Q 2 when k is even: or for 0 .S.g-<when kis odd
(Equation 20) [0183] Therefore, in the present embodiment, in order to map the sub-subbands on
the stop banoi' tg HF subband, it is necessary to associate them with the mapping results for those
sub-subbanas on pass band. The motivation of such operation is to make sure that the frequency
pairs for LF componénts aus eifl il gaia wndehhe areensvalfdlyashiteemitol FIK Eampbituntd 7D184]
For this purpggésfifstly, it is straight forward to map the sub-subbands on pass band into HF subband.
By considering the center frequencies of frequency scaled sub-subbands and the 15 frequency
resolution of@ﬁl?@rlansform, the mapping function can be described by m(k,q) as shown in (Equation

21) below. [OIg5kMat21]

T ’ 1
“,”"“““““.“Sfo SL]—WJ'TI
\2M] (2M) (Equation 17)

[0177]
The pass band component of the sinusoidal signal with the

10 above-described frequency fg resides on the k-th subband if (Equation
18) below is satisfied.

[0178]

[Math 18]

E—‘—F—Sfo . (k+1) 7

M M (Equation 18)
15

[0179]

In addition, its stop band component resides on the k™ -th
subband if (Equation 19) below is satisfied.
[0180]
20 [Math 19]

s w£533<3$$%ﬁ
k= (kﬂgs) ﬂg 1)
TS Ll i) L APIPA (el .
M M (Eguation 19)
[0181]

If a subband is decomposed into 2Q sub-subbands, the above
25 relation is elaborated with higher frequency resolution as shown in
F1G. 20 below.
[0182]
[Math 201

- 35



(Equation 21) 20 [0186] Here, cp-Q, -Q+1,..., -1 if kis is odd, or =0, 1,..., Q-1 if KLF is even. Here,
the coefficient shown in (Equation 22) below denotes a rounding operation to obtain the nearest
integers of x towards minus 25infinity. [0187] [Math 22] x (Equation 22) 30[0188] In addition, due
to the upward scaling (t/2>1), it is possible that one HF subband has a plural sub-subbands mapping
sources. - 36 - That s, it is possible that m(k,ql1.)=m(k,g2) or m(ki,q1)=m(k2,g2). Therefore, a HF
subband could be &edr);biﬁatie%ﬂmltiplbv@mrmb&aadsﬂﬁt ubbangds; lastaoksodd(Equation 23).
o

0189] 5 [Math, 73 asc(n,km- , (n) alkink, g(Equation 23) [0190
[ 151 ' ﬁcgli( for = ch:—Z—l%kwgén%iseven;or)f([)roslr<%whenkisodd

(Equation 20)

[0183]

5 Therefore, in the present embodiment, in order to map the
sub-subbands on the stop band into HF subband, it is necessary to
associate them with the mapping results for those sub-subbands on
the pass band. The motivation of such operation is tc make sure that
the frequency pairs for LF components are still in pair when they are

10  upwardly shifted into HF components.

[0184]

For this purpose, firstly, it is straight forward to map the
sub-subbands on pass band into HF subband. By considering the
center frequencies of frequency scaled sub-subbands and the

15 frequency resolution of QMF transform, the mapping function can be

described by m(k,q) as shown in (Equation 21) below.

[0185]
[Math 211
b 4)=| 7 2
(. (Equation 21)
20
[0186]
Here, q=~Q, -=Q+1,..., =1 if kyr is odd, or q=0, 1,..., Q-1 if k¢r
is even. Here, the coefficient shown in (Egquation 22) beiow denotes
a rounding operation to obtain the nearest integers of x towards minus
25 infinity,
[0187]
[Math 22]
¥ (Equation 22)
30 [0188]

In addition, due to the upward scaling (t/2>1), it is possible
that one HF subband has a plural sub-subbands mapping sources.
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Here, q=-Q, -C2+1,..., -1 if KLF is odd, or g=0, 1,-, Q-1 if KL.F 10is even. [0191] Secondly,
following the afore-mentioned relationship between frequency pairs and subband indices, the mapping
function for those sub-subbands on stop band can be established as the following. 15[0192]
Considering a LF subband KLF, the mapping functions of the sub-subbands on its pass band are

already deC| yithe 2Q) Q+ k Q
m(kLF,0), m( lg1),@? FESL%%) %% Lé%e%/(gnrﬁt% n n the lf’)h bégdgﬁ a]s's%‘i)laﬁiik%agﬁand part
can be mapp'E ei@fRrtmg @ (E@aﬁ@*b?ﬁ)fﬁblowl[f{bdgd?‘ﬁw&h mmbiaﬁtmﬁndﬂfonfalﬂﬁm@jeo4 1

otherwise (E%%ﬂ%nug@a%%@%%b: suHB@m@Qn@@%d’\%ﬁerﬁt s, |§g\5en and (Equation 25)
below is even, or when kis is odd and (Equatlon 26) below is even 195] 30 [Math 25] (11 +0.5)

_(Equation 2%9 ][§i9§6] [Math 26] t (gt (Equation 26)

5 [Math 23]
xpa.siv (n! kHF ) - Z) h”
dinliygl= *ﬂf (Equation 23)
[0190]
Here, g=-Q, —Q+1,..., =1 if kir is odd, or =0, 1,..., Q—1 if k¢
10 is even,
[0191]

Secondly, following the afore-mentioned relationship between
frequency pairs and subband indices, the mapping function for those
sub-subbands on stop band can be established as the foliowing.

15 [0192]

Considering a LF subband ks, the mapping functions of the
sub-subbands on its pass band are aiready decided by the 1% step as:
m{kys,—Q), m{ke,—Q+1),..., m{k_g,—1) for the odd ke and m(kyr,0),
m{kie, 1),..., m{ke,Q-1) for the even ki, then the pass band

20 associated stop band part can be mapped according to (Equation 24)
below.
[0193]
[Math 24]

N(}:! q,q)m{m(kf_ﬁ,q)—i condition a

frp
N mik,..q)+1 otherwise

(Equation 24)

[0194]

Here, ‘condition a’ refers to when kir is even and (Equation 25)
below is even, or when k¢ is 0odd and {Equation 26) below is even.
[0195]

30 [Math 25]

L(qw 5) J
& (Equation 25)
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5[0197]

In addition, as described above, (Equation 27) below denotes a rounding operation to

obtain the nearest integers of x towards minus infinity. [0198] 10[Math 27]Lxi(Equation 27) [0199]
The resulting HF subband is the combination of all associated LF sub-subbands, as shown in
(Equation 28) below. 15[0200] [Math 28] xnup (17, k fn.)=(n) all m (kij (Equation 28) [0201] 20Here,

q:-Q’ -Q+11

results on th

e[ofd%ELF is even, or g=0, 1,..., Q-1 if KLF is odd. [0202 In the end, all mapping
pass

and and stop band are combined to form the HF subband, as shown in (Equation

29) 25below. [H2a8] Bdth 29] x(n,k,").(n,ic slop

10

20

30

R

(Eguation 26)
[0197]

In addition, as described above, (Equation 27) below denotes a
rounding operation to obtain the nearest integers of x towards minus
infinity.

[0198]
[Math 27] Lx) (Equation 27)

[0199]
The resulting HF subband is the combination of all associated LF
sub-subbands, as shown in (Equation 28) below.

[0200]

[Math 28}

xsmp (n: kHF ) = . z J’{;LF ! (”)

Wilksrg 4 bk (Equation 28)
[0201]
Here, g=-Q, -Q+1,..., =1 ifk.r is even, org=0, 1,..., Q—1if k¢

is odd.

[0202

In the end, all mapping results on the pass band and stop band
are combined to form the HF subband, as shown in (Equation 29)
below.
[0203]
[Math 29]

x(n?kHF ) = xpass (n"kﬁ.ﬂ“ )"i“xsiop (n‘kHF) (EquatIOﬂ 29)

[0204]
Note that the above pitch shifting method in QMF domain

benefits both high frequency gquality degradation and possibie
-38-



(Equation 29) 30 [0204] Note that the above pitch shifting method in QMF domain benefits both high
frequency quality degradation and possible - 38 - transient handling problem. [0205] Firstly, all
patches now have the same stretching factor, the smallest one, which greatly reduces the high
frequency noises 5 (coming from those incorrect signal components generated during time stretching).

Secondly, alltpgﬂgig%t{op]gﬂaﬁeﬁé fspgg@jﬁnt degradation are avoided. That is, there is no time

domain resampling process; t ame stretching factors are used for all patches, which inherently
eliminated th@ﬁ&%’ ility of misalignment. 10[0206] In addition, it should be noted that the present

embodiment has sopgggynsife gh fae Feaygnrneyelution. Aatedhatdue 1 Rdopiing,sulysebband

filtering, the frequency resolution |s increased from n/m to 11/(2QM), but it is stil coarser'than the fine

frequency 15°MB&4I685N BPfime WHHIN BHERENing AL S NeVdiheREN cIRSaERR e HISER ear has
less sensitivity-tarfiigh freguencli Signareasnponent gheapiteb shifterkiestliguadused dydheippsent
embodiment is proved to be perceptually no, different with that produced by the resampling method.
0002071 KRR e, SETRAANG 1 Ine-HEBE LRHEIRG e HED e BodTABRLHb HiE
scheme in theggesdattemmba dintent BfsaiproVidles & pohas svith furttien eeduced iconesatatipiiragnount,

because only oe low. ofder pafefnegds o operafian. 2510208 1. Again, shchia

tretehi C%J
computation amount reduction can be rougm@%rfl_%g\:z%by only considering tﬁe computation amount
contributed fiGMaFEMTHRSTIPGIEIOEBRORAFHtRE E¥sampidFalig AfsMentioned computation
amount;gnalygig e transform computation amount involved in the HF spectrum generator in the

present embodiment is approximated as shgwn below. [9210]t35[Math 301c )
In agdition, it should be noted thatthe present embodiment has

some downside at the frequency resolution. Note that due to
adopting sub-subband filtering, the frequency resolution is increased
from MN/M to M/(2Q-M), but it is still coarser than the fine frequency

15 resolution of time domain resampling (M/L). Nevertheless,
considering the human ear has less sensitivity to high frequency
signal component, the pitch shifted result produced by the present
embodiment is proved to be perceptually no different with that
produced by the resampling method.

20 [0207]

Apart from the above, comparing to the HBE scheme in the first
embodiment, the HBE scheme in the present embodiment also
provides a bonus with further reduced computation amount, because
only one low order patch needs time stretching operation.

25 [0208]

Again, such a computation amount reduction can be roughly
analyzed by only considering the computation amount contributed
from transforms.

[0209]

30 Following the assumptions in aforementioned computation
amount analysis, the transform computation amount involved in the
HF spectrum generator in the present embodiment is approximated as
shown below.
[0210}

35 [Math 30]
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=2. L log2 (L)(Equation 30) [0211] Therefore, Table 1 can be updated as the following. [0212] [Table 2]
Harmonic patch number (T) Transform computation amount involved in HBE in present embodiment
Transform computation amount involved in HBE in first embodiment Computation amount ratios
20480 33335 61.4% 4 20480 42551 48.1%

2-2L4 ) tog, 214 J= 2 L -log, (

(Equation 30)

[0211]
Therefore, Table 1 can be updated as the foliowing.
5 [0212]
[Table 2]
Transform Transform
Harmonic )
computation computation )
patch _ ) Computation
amount involved |amount involved )
number _ ) ) o amount ratios
T in HBE in present | in HBE in first
embodiment embodiment
3 20480 33335 61.4%
4 20480 42551 48.1%
5 20480 49660 41.2%

Tab.2 Computation amount comparison between the HBE in the
present embodiment and the HBE scheme in the first embodiment

10 [0213]

The present invention is a new HBE technoliogy for low bit rate
audio coding. Using this technology, a wide-band signhal can be
reconstructed based on a low frequency bandwidth signal by
generating its high frequency (HF) part via time stretching and

15 frequency extending the low frequency (LF) part in QMF domain.
Comparing to the prior art HBE technology, the present invention
provides comparable sound quality and much lower computation
count. Such a technology can be deployed in such applications as
mobiie phone, tele-conferencing, etc, where audio codec operates at a

20  low bit rate with low computation amount.

10214]

It should be noted that each of the function biocks in the block
diagrams (Figs. 6, 7, 13, 14, and so on) are typically realized as an LSI
which is an integrated circuit. The function blocks may be realized as

25 separate individual chips, or as a single chip to include a part or all

thereof.
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20480 49660 41.2% Tab.2 Computation amount comparison between the HBE in the present
embodiment and the HBE scheme in the first embodiment io[0213] The present invention is a new
HBE technology for low bit rate audio coding. Using this technology, a wide-band signal can be
reconstructed based on a low frequency bandwidth signal by generating its high frequency (HF) part
via time stret(fa'@g d 15 frequency extending the low frequency (LF) part in QMF domain.
Comparing to the prior art HBE technology, the present invention provides comparable sound quality
and much lower comfiitagiga Borant LSdcis & edetite dp dag e déyogedrin snshapiisaibes as

mobile phongrielercanfBiaeg 12t dyasienalcka codseonesates fa AGlowritdied iidowy

computation amount. [0214] = It should be noted that each of the function blocks in the block
diagrams (Fi§88697 ¢5e D&M Yo Resdees pRialftRAMNBEPAs an LSI which is an integrated circuit.
The fungtion fobgcks may be realized as 25separate individual chips, or as a single chip to include a
part or all thereof. [O[l215]E .tA|thOLﬁ]h an LS| i;t’ referredég.h%re there are ins%arcesgwh re the
designations IC, sys ¢hf’ gli, %%BQF §I%ﬁ?£ﬁ Pare'Uatdl etgriﬂ 'BitréreRe I E ettt bf
integration. O[&X163nd irmpddditemt atieomeaité ferdiduitihéehEtioniis motligkted telap WSipaad
implementati j ' irgui eneral-pur pr. is;alsp.available. K.is also
acceptable toBﬁgg%%ﬁﬁqéii%qr%?cnrggb géﬁsail%é Arrgtly%%thﬁ?gﬁg%%%%gggmﬁgg gftg} t 8é ao LSI
has been maRt@&utarad) ahteaadenfigiirablefitodessbEh WHrRW edpreefidAaMiSsatieys Wieircuit

cells within thesiSh azegeeenfigbiadZ el Furbemmare Jhiniraraiad GrsitdssBpalaay thakh
replaces LSlconnections and settings of circuit cells within the LSI are
reconfigurable.
[0217]
rurthermore, if integrated circuit technology that replaces LSI
15 appears through progress in semiconductor technology or other
derived technology, that technology can naturally be used to carry out
integration of the function blocks.
[0218]
Furthermore, among the respective function blocks, the unit
20  which stores data to be coded or decoded may be made into a separate
structure without being inciuded in the single chip.
[Industrial Applicability]
[0219]
The present invention relates to a new harmonic bandwidth
25 extension (MBE) technology for low bit rate audio coding. With the
technology, a wide-band signal can be reconstructed based on a low
frequency bandwidth signal by generating its high frequency (HF) part
via time stretching and frequency-extending the low frequency (LF)
part in QMF domain. Comparing to the prior art HBE technology, the
30 present invention provides comparable sound quality and much lower
computation amount. Such a technology can be deployed in such
applications as mobile phones, tele-conferencing, etc, where audio
codec operates at a low bit rate with low computation amount.
[Reference Signs List]
35 [0220]
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15 appears through progress in semiconductor technology or other derived technology, that
technology can naturally be used to carry out integration of the function blocks. [0218]

Furthermore, among the respective function blocks, the unit 20 which stores data to be coded or
decoded may be made into a separate structure without being included in the single chip. [Industrial

Applicability] é%“ a‘ge Q{f\fe%tdgvgggg;vrt%%ﬁafg% Snﬁ%tgarmonic bandwidth 25 extension (HBE)
ow [ e tec

technology for it rate autlio coding.’ nology, a wide-band signal can be reconstructed
based on a | fleg§@éncypBanaliighwitiial by generating its high frequency (HF) part via time

stretching angérﬁ%@@?%@(f?nﬁw,h% g)@vsfrequpcyrg.,@mrﬁ.jmgll\ﬁ domain. Comparing to the

prior art HBE technology, the 30 Ia%sent invention provides comparable sound quality and much lower
computation ahBuAt SuBR & teBRFFBIYREPAR deployed in such applications as mobile phones,

tele-confgrensing, Btcs WherR-audio aerBT opgrates at adow Hi [l avitavesempytation amount.
[Reference Sj List].35 Oé ] -503, , 604, 605 Bandpass unit 504-506 Sampling unit
507-5009, 601%?5(’)4? 51’5055 f)ﬁﬂ ti%]i%n% %ﬁé 51%%% ’,%é"lgﬁtdse vocoder 0 513-515, 608-610,
1407, 1505, T8I%, 33676 1Eradie kS b xtersAdditiont606, 607 Frequency extension unit 1401, 1501
1402, 1502 194[&93 _]L'glaﬁ 148%,\41%'(?6 &@Q?UJFEQS 1409, 1510

1402, 1502 Decoding unit

10 1403 Time resampling unit

1405, 1504 Time-stretching unit

1406, 1508 T-F transform unit

1409, 1510 Inverse T-F transform unit

1506 Pitch-shifting unit



Demultiplex unit Decoding unit resampling unit Time-stretching unit T-F transform unit Inverse T-F
transform unit 1506 Pitch-shifting unit [CLAIMS] [Claim 1] A bandwidth extension method for
producing a full bandwidth signal from a low frequency bandwidth signal, said method comprising:

a first transform step of transforming the low frequency bandwidth signal into a quadrature mirror filter
bank (QMF) ge@@ﬂtgpenerate a first low frequency QMF spectrum; a pitch shift step of generating
pitch-shifted signals by applying iodifferent shifting factors on the low frequency bandwidth signal;

a high frequé]ﬂ:kﬁéjéhgrhtion step of generating a high frequency QMF spectrum by time-stretching the

pitch-shifted signals ;0 8 M APMalite nsichSRESERER Fedificalionaies &f maditinadhedigh

frequency 15 QMF spectrum to satisfy high frequency energy and tonality conditions; and a full

bandwidth gé@ffibn Si8Pof entling tRE ARNSAMARRBFNGAEN by LEBining HIE mEBREPHgh

frequency QMErapeediny with the first low frequency QMF spectrum. 20 [Claim 2] The bandwidth

extension method acgording tq Glarp L whereln said g Hed ey o iRt PR udes
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

a pitch shift step of generating pitch-shifted signals by applying

10 different shifting factors on the low frequency bandwidth signatl;

a high frequency generation step of generating a high
freguency QMF spectrum by time-stretching the pitch-shifted signals
in a QMF domain;

a spectrum modification step of modifying the high frequency

15 QMF spectrum to satisfy high frequency energy and tonality
conditions; and

a full bandwidth generation step of generating the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum.

20
fClaim 2]

The bandwidth extension method according to Claim 1,

wherein said high frequency generation step includes:

a second transform step of transforming the pitch shifted

25 signals into a QMF domain to generate QMF spectra;

a harmonic patch generation step of stretching the QMF spectra
along a temporal dimension with different stretching factors to
generate harmonic patches;

an alignment step of time-aligning the harmonic patches; and

30 a sum-up step of summing up the time-aligned harmonic
patches.

[Claim 3]
The bandwidth extension method according to Claim 2,

35 wherein said harmonic patch generations step includes:
- 43 .



a second transform step of transforming the pitch shifted 25 signals into a QMF domain to generate

QMF spectra; a harmonic patch generation step of stretching the QMF spectra along a temporal
dimension with different stretching factors to generate harmonic patches; an alignment step of
time-aligning the harmonic patches; and 30a sum-up step of summing up the time-aligned harmonic

patches. [Claim 3] Th ' tens 0 ' laim 2, regn _said
harmonic patch geneara%%lr?su ggﬁ%gﬁ;ﬁ%gﬂma{?ﬁ Igﬁ%)rﬁq s@?ﬁ"g c%ﬁétfﬁg%g §rﬁp itude
and phase of MyVIPSsEEHTIMEdNRRg tHeeQME iss@@etra; a phase manipulation step of
manipulating the phase i praduge-a s ase: sndPa M serfligient Hgneiation,sigeof ggmbining

the amplitude with the new phase to generate a new set of QMF coefficients. [Claim 4] The bandwidth
extension m&thBHAEERIMGMORNERT 3, 2Nd  wherein in said phase manipulation step, the new phase

is produged on the bas@aFapceifgiort phagerad @awbelesselnid®Mbreestitients ¢Canpdl doEhe
bandwidth exten iq}?? method a\ﬁcordg}? to one oé Claims 3 arégf, herei? in.saigﬁhase
manipulation V1L, TNPLIAAS DaToRRER FEpEatls ors S A COEMR S nd  in
said QMF coefficient generation step, new sets of QMF 20 coefficients are generated.
[Claim 4]
The bandwidth extension method according to Claim 3,
10 wherein in said phase manipulation step, the new phase is
produced on the basis of an original phase of a whole set of QMF
coefficients.

[Claim 5]
15 The bandwidth extension method according to one of Claims 3
and 4,
wherein in said phase manipulation step, manipulation is
performed repeatedly for sets of QMF coefficients, and
in said QMF coefficient generation step, new sets of QMF
20 coefficients are generated.

[Ciaim 6]
The bandwidth extension method according to any cne of
Claims 3, 4 and 5,
25 wherein in said phase manipulation step, a different
manipulation is performed depending on a QMF subband index.

[Claim 7]
The bandwidth extension method according to Claim 5,
30 wherein in said QMF coefficient generation step, the new sets of
QMF coefficients are overlap-added to generate the QMF coefficients
corresponding to a temporally-extended audio signal.

[Ciaim 8]
35 A bandwidth extension method for producing a fult bandwidth
- 44 -



[Claim 6] The bandwidth extension method according to any one of Claims 3, 4 and 5, 25wherein
in said phase manipulation step, a different manipulation is performed depending on a QMF subband
index. [Claim 7] The bandwidth extension method according to Claim 5, 30 wherein in said QMF
coefficient generation step, the new sets of QMF coefficients are overlap-added to generate the QMF
coefficients onging.to a te audi [CI ? 35 d ? nsion
method for pc%q%ﬁ%?ng ﬂJ[;-]QP ba%ﬁdw dt -ﬁyf%lgna frotrgr%g %%ue%igb !hdcév% sﬁ% l’%ﬁﬁ
method compA$THFising i first transform step of transforming the low frequency bandwidth signal into

a quadrature mirror fgteﬁlpgﬁkt_(@wadjﬁﬂ‘ag\:%o %nqr,ég@, 8¢ B%I%ergléeW'\ﬁFeéllﬁméel ‘H?]e

low order harmonic patch generation step nerating a low order harmonic patch by
the low frequRRBFBHAGRIEIR RRINASA & QN/FI‘E&EM &, B HiGATEHGENEF Bk iboh 4 8tTC

generatipg sgealéft’gl@é i9 aresmlmhﬁm;@m@@mymg difetarighift coefficients to the low order
harmonic patch, and (i) ener t|n h| h fre MF s ctrum from the si a spectrum
modification step of ﬁwéﬂ%ﬁnﬂ& %ab% é{ﬁe ﬁﬂog g%ﬁs HS %’%%Qﬁc? éﬂgrgy and
tonality 15000dd|en$xaamdon|capfartlcﬂjabdvtldﬂegehmanbmr@eﬁ'\@f Fendiratimgehe yub darddwiitith signal
by comblnln% % qqllflg Hg%lgn?y QMF spectrum with the first low frequency QMF spectrum.
20[Claim 9] andw extension method according to Claim 8 wherein said low order harmonic
patch generation ste@ mtmh'uégeats@aémdqm@fmeﬁ@ﬂraﬁéfdrm@qr@tm frégnaneythat

i0 are pitch shifted, by applying different shift coefficients to the low
order harmonic patch, and (ii) generating a high frequency QMF

tchlng

spectrum from the signals;
a spectrum modification step of modifying the high frequency
QMF spectrum to satisfy high frequency energy and tonality
15 conditions; and
a full bandwidth generation step of generating the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum.

20 [Claim 2]
The bandwidth extension method according to Claim 8
wherein said low order harmonic patch generation step
includes:
a second transform step of transforming the low freguency
25 bandwidth signal into a second low frequency QMF spectrum;
a bandpass step of bandpassing the second low freguency QMF
spectrum; and
a stretching step of stretching the bandpassed second low
frequency QMF spectrum along a temporal dimension.

30
[Claim 10]
The bandwidth extension method according to Claim 9,
wherein the second low frequency QMF spectrum has finer
frequency resolution than the first low frequency QMF spectrum.
35
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25 bandwidth signal into a second low frequency QMF spectrum; a bandpass step of bandpassing the
second low frequency QMF spectrum; and a stretching step of stretching the bandpassed second
low frequency QMF spectrum along a temporal dimension. 30 [Claim 10] The bandwidth extension
method according to Claim 9, wherein the second low frequency QMF spectrum has finer frequency
resolution thoﬁg tgl ir_sitll w frequency QMF spectrum. 35 [Claim 11] The bandwidth extension
method according to any one of Claims 8, 9, and 10, wherein said high frequency generation step
includes: 5a patch géheratigimstenditbagypagsivgtheeiin odieBhsandingpaehangedrateof

bandpassed ppighas:s g adygh pEfer generation step of mapping each of the bandpassed patches
into high frequency to 'en'erate high'qrder harmonic patches; and 10a sum-up step of summing up the
high order harmonic ¥&@FRY IR the 18 Sr8EHIMONE REIAL [Nkt P2jncludesthe bandwidth

extension method aceergiinthtg &nira dibnlSvdieEinsamd Pigbriet BeneyatioRdiehineludasic
patch to generate bandpassed patches;

a high order generation step of mapping each of the
bandpassed patches intc high frequency to generate high order
harmonic patches; and

10 a sum-up step of summing up the high order harmonic patches
with the low order harmonic patch.

[{Claim 12]
The bandwidth extension method according to Claim 11,
15 wherein said high order generation step includes:
a splitting step of splitting each QMF subband in each of the
bandpassed patches into multiple sub-subbands;
a mapping step of mapping the sub-subbands to high frequency
QMF subbands; and
20 a combining step of combining results of the sub-subband
mapping.

[Claim 13]
The bandwidth extension method according to Claim 12,
25 wherein said mapping step includes:

a division step of dividing the sub-subbands of each of the QMF
subbands into a stop band part and a pass band part;

a frequency computation step of computing transposed center
frequencies of the sub-subbands on the pass band part with patch

30 order dependent factor;

a first mapping step of mapping the sub-subbands on the pass
band part into high frequency QMF subbands according to the center
frequencies; and

a second mapping step of mapping the sub-subbands on the

35 stop band part into high frequency QMF subbands according to the
<46 -



a splitting step of splitting each QMF subband in each of the bandpassed patches into multiple
sub-subbands; a mapping step of mapping the sub-subbands to high frequency QMF subbands;
and 20a combining step of combining results of the sub-subband mapping. [Claim 13] The
bandwidth extension method according to Claim 12, 25wherein said mapping step includes: a

division step ngi_\ggigg érﬁ%§u@f%@ﬁ%§%§%§ﬁ§; é%g?e QMF subbands into a stop band part and a

pass band part; a frequency co p of computing transposed center frequencies of
the sub-subbands on the pass band part with patch 30 order dependent factor; a first mapping
step of mappiegdhe sijb]subbands on the pass band part into high frequency QMF subbands
according to the center frequencies; and . a second mapping steP of mapping the sub-subbands

on the 35 stop band ParBARMYA FeqFeHE NGB s PBAGE Bttortlftto B IHE6€SsuB suibthnds of
the passsbanidzradtwidicim didinal Afhemdvddthcexte fsiananpayatbs thddwpdatiucersa &l baatividth
signal from ablgvr\}/ e %gxga%d\{vé(%'[has:%n% aisd boar%dV\!(idSth extension apparatus comprising: a
first transform uni conﬁgure T Tansforth Mé 16w Frequ n'cyi%ghdwidth signal into a quadrature mirror
filter bank (QMF) domdingd emsioera first tove rfiquarey QMFapebirum theal pitchrsiiftiaganit
configured togenerate pitcshiftedaiangls by apelyingdiffereph sbiftinafrcterm ey thelayfreguency
bandwidth signal, a high frequency generation unit configured to generate a high frequency QMF
spectrum by 8fREBERANG e IaniERfea TN AN ISR aBMIE domain; a spectrum modification

unit configured to megdify, therhighifigaieencyn @MEsPREIRG0 satishehighftequenahenaigyeand
tonality Condiéii()gnnséfasndby applying different shifting factors on the low frequency
bandwidth signal;

a high frequency generation unit configured to generate a high
frequency QMF spectrum by time-stretching the pitch-shifted signais

15 in a QMF domain;

a spectrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy and tonality
conditions; and

a full bandwidth generation unit configured to generate the full

20 bandwidth signal by combining the modified high frequency QMF

spectrum with the first low frequency QMF spectrum

fClaim 15]

A bandwidth extension apparatus that produces a full

25 bandwidth signal from a low frequency bandwidth signal, said
bandwidth extension apparatus comprising:

a first transform unit configured to transform the iow frequency
bandwidth signal intc a2 quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

30 a low order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in a QMF domain;

a high freguency generation unit configured tc (i) generate
signals that are pitch shifted, by applying different shift coefficients to

35 the iow order harmonic patch, and (ii) generate a high frequency QMF
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a full bandwidth generation unit configured to generate the full 20 bandwidth signal by combining the

modified high frequency QMF spectrum with the first low frequency QMF spectrum [Claim 15] A
bandwidth extension apparatus that produces a full 25 bandwidth signal from a low frequency
bandwidth signal, said bandwidth extension apparatus comprising: a first transform unit configured

to transform %ngqﬂwm%\ﬁvéq{g igignal into a quadrature mirror filter bank (QMF) domain to
w frequency F spe

generate a firstlo ctrufm; 30a low order harmonic patch generation unit
configured to generate $PBGLDHIBr RARADTES psbh VY finfecdiféddhing the IoWadrtigvieflog bidividth

signal in a QMEHe8Hi: @ NSk Fegrancy €L aaraian ki Hoaal H@r@'c‘? Eheeggratesigialyifiat are
pitch shifted, bycgs_) _Iyir?g%ifferegt shift coefficients to 35 the Iov@ order harmor?i?: patch, and I(%a
generate a hEﬂPﬁﬁEQ&%yWF - 47 - spectrum from the signals; a spectrum modification unit
configurgd to modifyzife higha Frequienty SEVE spgetuanio satishiyhigbdregupney eneranantlitonality

conditions; anpd Oa full handwidth generation unit configured to generate the&ull bandwidth signal by
combining hATHHIE hg ARy I uh Bt HE S Erom Ao R R spdiurm.
[Claim 16] spAgimgranw foin grioel fdhsg dofull branpveditysigndF frepme atlovrfrequency bandwidth signal,
said program causing a computer to execute: a first transform step of transforming the low
frequency bandwidth signal into a quadrature mirror filter bank (QMF) domain to 15 generate a first low
frequency QIW:'%’ébﬂr ; a pitch shift step of generating pitch-shifted signals by applying different
shifting f@ctors_on the, |®N5Wﬁn%paﬁﬂd\d@@i§®n§|ifult EQW%‘%%@@?? Faneradten gtqg@f
generating aplgh frequency QMF_ggectrum bY time-stretching the pitch-shifted signals 20 in a QMF
domain: requency pandwidth signal, said program causing a computer to
execute:
a first transform step of transforming the low frequency
bandwidth signal into a guadrature mirror filter bank (QMF) domain to
15 generate a first low frequency QMF spectrum;
a pitch shift step of generating pitch-shifted signals by applying
different shifting factors on the low frequency bandwidth signal;
a high frequency generation step of generating a high
frequency QMF spectrum by time-stretching the pitch-shifted signals
20 in a QMF domain;
a spectrum modification step of modifying the high frequency
QMF spectrum to satisfy high frequency energy and tonality
conditions; and
a full bandwidth generation step of generating the full
25  bandwidth signal by combining the modified high frequency QMF

spectrum with the first low frequency QMF spectrum.

[Claim 17]
A program for producing a full bandwidth signal from a low
30 frequency bandwidth signal, said program causing a computer to
execute:

a first transform step of transforming the low frequency
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

35 a low order harmonic patch generation step of generating a low
- 48 -



a spectrum modification step of modifying the high frequency QMF spectrum to satisfy high frequency
energy and tonality conditions; and a full bandwidth generation step of generating the full 25
bandwidth signal by combining the modified high frequency QMF spectrum with the first low frequency
QMF spectrum. [Claim 17] A program for producing a full bandwidth signal from a low 30

requency bageidh 1908k RARLRIACIENT TR0 ACORUSHE RARGHEL, < A ESLABISIRND otep of

transformin equency S|gna |nto a quadrature mirror ) domain to
generate a flﬁ‘sglbwl fréq@éawmmtrum 35a low order harmonic patch generation step of

generaiing a ow - 4%, MigEHEGTRNNE pARhBrAETURIBS he IunEeaVRIPLRGRANdional i

a QMF domain; a high frequency geneération st enerating signals that dare pltch shlfted by

applying diffetEht BHiftcutitigRts RYtRABY U"&o‘é‘r?f%"r%%lélﬁ%fﬁ? iGiRgd ety

frequency QMdeeqﬁrwfmmt@aw@nal%nd dispegbH@rROGHCAtIoOR igAP ﬂfetag@fmg ﬂzm high
frequency QMF s ectru to saé?]%/ requency energy and tonality conditions; and 10a full
bandwidth geﬁ%? ioh Bt f)o(ﬂ" ra fuII bandwidth signal by combining the modified high

frequency QMF spedcrsmamith.tive fmstdmcﬁseqmami}eQMF $pe«:t"rﬁ:,nhn [Clanm h3d hS5Am aqbegrated

circuit t_hat pr@w ges MP&ﬂPWH}h sslgggrfs On?n?gfﬂwﬁ% 05 é)ure (quéq{ggﬁ ﬁl sa{%Rgnggldth

extension apparatus comprising: transform uni orm the low frequency
bandwidth sigqdldnteca guadidture mirror filter bank (QMF) domain to 20 generate a first low frequency

QMF spgctrum; 2 piGh-ShERG WikkeoNBAKad6 SENeEriePiIteh-SHERG AL DYAPPhiNg

different shifting factors on the Iow frequency bandwidth signal a high frequency generation unit
configured toREMErAHEtA hifH 23 fr@a(ue%vémwgpefémm%ms %tref@ﬁng‘fiﬁe PREF¥NREN signals

in a QMF domgixtrum with the first low frequency QMF spectrum.

[Claim 18]

15 An integrated circuit that produces a full bandwidth signal from
a low frequency bandwidth signal, said bandwidth extension
apparatus comprising:

a first transform unit configured to transform the low frequency
bandwidth signal into a guadrature mirror filter bank (QMF) domain to

20 generate a first low frequency QMF spectrum;

a pitch-shifting unit configured to generate pitch-shifted
signals by applying different shifting factors on the low freguency
bandwidth signal;

a high frequency generation unit configured to generate a high

25 frequency QMF spectrum by time-stretching the pitch-shifted signals
in a QMF domain;

a spectrum modification unit configured to modify the high
freguency QMF spectrum to satisfy high freguency energy and tonality
conditions; and

30 a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low freguency QMF spectrum

[Claim 19]

35 An integrated circuit that produces a full bandwidth signal from
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a spectrum modification unit configured to modify the high frequency QMF spectrum to satisfy high
frequency energy and tonality conditions; and 30a full bandwidth generation unit configured to
generate the full bandwidth signal by combining the modified high frequency QMF spectrum with the
first low frequency QMF spectrum [Claim 19] 35An integrated circuit that produces a full bandwidth

signal from - 49 lo qQHEN bqngﬁ/' th signal, .said pbandwidth extensi p rising:
a first transform Lonl cc\;yrgéghred @{ trans o%ﬂség\ows*ﬁ%gncg %@ndv&%ﬁaﬁggﬁnt?g%ﬁagg%re
mirror filter bapie EOMEBEJOPTRIRNS H generate a first low frequency QMF spectrum; a low order

harmonic patch generafiast WPl oI erh P BEREIGLS-BdOVS IR SIFRRIIA OHAR Bclimersipiching

the low frequency bandwidth sig*n,al in a QMF domain; a high frequency generation unit configured to
(i) generate iB3HAICLE IO BitkRLonALEY 3 APV ERFSE A SBittakicRME tARERI SRier
harmonig patghnand (i) geneiate ahigbdiegHency Mg speetium from the signals; a spectrum

modification unit configured to modify the high.frequen MF spectrum to satisfy high frequency
energy and tonality f5c ‘?ﬂitiSr‘{E%n arm&%ﬂlfbgﬁg\ﬁ%ﬂg&é}%% i'(?tpurﬁpé%nﬁééﬂg i) %@népate the
;ull bandwidth sigyee by cmnhbimingrtcthermbdiﬁaﬂqmw fpa}uéncbyQMﬁmm:am;Mﬁgthm‘@sim _
requency Q r [ . 0 n tus comprising: a separation
unit configurgchlz% %%ﬁgyna;%gaﬂcode%ﬁ%@gcﬁ%cg ;{;ﬁﬂ!w%t_ agnﬁi’;il_from coded information; a
decoding unit config@reldi fdéceae eecrodrnenafisguenby 2 soddaidgcigarali) gepgsatorm unit

configuigd tosigRsIRRhHedew 5&%@5%@@@9‘8@@'\%{?%g%ﬁ%@%@%@bé@%ﬂ%@%@@ py said

decoding unit, into a quadrature mirror filter bank (Q domain to generate a low frequency QMF
spectrum; a P& MRS BRiIDETNGINEIRE ETyeABAE ﬁit@ﬁ-’%ﬁﬁﬁat@s‘?gHé@‘b@f%ﬁbﬂ?ﬁ‘u@yd@é} nt
shifting factoepen thgraeneraiethleve fegamigncy bandwidth signal;

a spectrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy and tonality
15 conditions; and
a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum,

26 [Claim 20]

An audio decoding apparatus comprising:

a separation unit configured to separate a coded iow frequency
bandwidth signal from coded information;

a decoding unit configured to decode the coded low frequency

25 bandwidth signatl;

a transform unit configured to transform the low frequency
bandwidth signal generated through the decoding by said decoding
unit, into a quadrature mirror filter bank (QMF) domain to generate a
iow frequency QMF spectrum; a pitch-shifting unit configured to

30 generate pitch-shifted signals by applying different shifting factors on
the generated iow frequency bandwidth signal;

a high freguency generation unit configured to generate a high
frequency QMF spectrum by time-stretching the pitch-shifted signals
in a QMF domain;

35 a spectrum modification unit configured to modify the high
- 50 -



a high frequency generation unit configured to generate a high frequency QMF spectrum by
time-stretching the pitch-shifted signals in a QMF domain; 35a spectrum modification unit configured to
modify the high - 50 - frequency QMF spectrum to satisfy high frequency energy and tonality
conditions; a full bandwidth generation unit configured to generate the full bandwidth signal by

it I ban . nal b
o nverse 1T G DN B o T TRt el Lt & Bt e iror

filter bgr_lk (qumﬁ)ﬂﬁéirﬁé}iﬁ;s?gnal tp a time domain signal. 10[Claim 21] An audio decoding appgratus
comprising. a SGPATALRE YA FPFHERE [A SRR lewdregusary: Pand widiiy gignal

from coded information; a decoding unit configured to decode the coded low freque

I5bandwidth AN IACh SiaRaloRy uhR BUAHRSY 1% FRASHH 8% o9 o RALEBEHAMMER signal

generated thegugkt tugelaending by 1dadd fireeqeting: yndh MFOsp guacliatyre pdror filter bank (QMF)
domain to generate a low frequenc §MFfs ectrum; 90a Io%zv order harmonic %?tcrl!gge eratr'toqlunit
configured to genera?é’aﬁg\x/e&%%rﬁ hod rf)’atglﬁlgy ﬁ%@-é@rgfﬁ'ﬁn the' IS W iBndy Bahtwidth
signal in a QBEiErdbmiaibh sigrehidhdreqaency deatuagomiriocdifgur éd tok(i] Qéterate signals that

are pitch shifgq applyi 'ﬁg%ggifgfgﬁgipents to 25 the low order harmonic patch, and (ii)
generate a high' frequency spectrum from the signals; a spectrum modification unit

configured to modify the high frequency QMF spectrum to satisfy high frequency energy and tonality
conditions; 3Pe fylRapgwidth generation unit configured to generate the full bandwidth signal by
combining the modified high frequency QMF spectrum with the low frequency QMF spectrum; and

an inverse transformtMieEHRy RO PSR PAREURICEARMREA Signal, from a quadrature mirror
filter bank (QMF) dorsaie 85signehta aiinee dopairesidnakephrate a coded low frequency

bandwidth signal from coded information;

a decoding unit configured to decode the coded low freguency

15 bandwidth signal;

a transform unit configured to transform the low frequency
bandwidth signal generated through the decoding by said decoding
unit, into a guadrature mirror filter bank (QMF) domain to generate a
fow frequency QMF spectrum;

20 a low order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signa! in a QMF domain;

a high freguency generation unit configured to (i) generate
signals that are pitch shifted, by applying different shift coefficients to

25 the low order harmonic patch, and (ii) generate a high frequency QMF
spectrum from the signals;

a spectrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy and tonality
conditions;

30 a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the low frequency QMF spectrum; and

an inverse transform unit configured to transform the full
bandwidth signal, from a quadrature mirror filter bank {QMF) domain

35 signal to a time domain signal,
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