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present invention relates to systens conprising spectral envel ope

adj ustment o j i.0 i real -val ued sub- band filterbank. It
reduces the a||a5|nS%Ph?%%%E@gggaﬁgnaﬁgﬁﬁ§N§0IETFQBVCEHIE&dsgﬂgﬁﬂﬁd
filterbank for sEVELSPECADOUSRRERS R RERROVATIED2FSP 2§ an accurate

energy cal cul ation for sinu- soidal conponents Iin a real-valued subband
filterbank. 15 BACKGROUND OF THE I NVENTION It has been shown in

PCT/ SE02/ 00626 "Ali asing reduction using conplex exponential nodul ated
filterbanks", that a conpl ex- exponential nodulated filterbank is an

excel enTECHYICASr FEBLBpectral envel ope adj ustment audi o signals. In such a
proce- dure the spectral envel ope of the signal is represented by en-
ergy-val ues corresponding to certain filterbank channels. By estimating

the curr@ht eners@nt NAPQse; sha t corre-_spaondi ng subband sanpl es

can be nodified to have the des??ggﬁgg gﬁér§§%@%%% §8ﬂ8£g?h%93688Ff£g9

envel ope®T¥caPtsfddustnens- oft rmaidits migrahputatihgnal realpbexity BLEVENtS

t he usaggaQf @i exponenti al dul ated filterbank, and only allows

for a coginegﬁ%gggg%gg'(iga ?ggFﬁad?BFnﬁ&éﬁéﬁpgtPBﬁFogéﬁéﬁeWanagsihgg is

obté@nedamheﬂlthalﬁéﬁteubaﬂkdiSim569b£ﬁk_%g@cgpgktgggeeﬁgehgﬁg ?gﬁgg£gent.
g fona

This is ﬁar%%grtarL%oobvious for audio sig- nals wth a stro

structure " theCafasiRg ebnpecunetesenkrbycaadeulat onodutasinn-with

the ori gsvdda Bpesipdenconponent s, 1 The sent. inyention offers a solution
to this by 2 15 JUN 005 putting ersaels}%a]i]%cg So‘%’kfah% gﬁl]ﬁe\faa@é‘s as a function
.of- fre- quency in a signal dependent manner. 5 SUMVARY OF THE | NVENTI ON

15 BACKGROUND OF THE INVENTION

It has been shown in PCT/SE02/00626 “Aliasing reduction using
complex exponential modulated filterbanks”, that a complex-
exponential modulated filterbank is an excellent tool for
20  spectral envelope adjustment audio signals. In such a proce-
dure the spectral envelope of the signal is represented by en-
ergy-values corresponding to certain filterbank channels. By
estimating the current energy in those channels, the corre-
sponding subband samples can be modified to have the desired
25 energy, and hence the spectral envelope is adjusted. If re-
straints on computational complexity prevents the usage of a
complex exponential modulated filterbank, and only allows for
a cosine modulated (real~valued) implementation, severé alias-
ing is obtained when the filterbank is used for spectral enve-
30 lope adjustment. This is particularly obvious for audio sig-
nals with a strong tonal structure, where the aliasing compo-
nents will cause intermodulation with the original spectral

components. The present invention offers a solution to this by




It. is the object of the present invention to provide an im provef R
techni que for spectral envel ope adjust@ent. 10 This object is ach ;%eumbyﬁﬁﬁ

an apparatus or a nethod for spec- tral envel ope adjustnent of a signal in
19 .or a conputer programin accordance wth

accorda or
claim Zgﬁﬁﬁ\?ngpr%%%{]fa}rﬁ%nPPoﬁ%l %%é’% Y%lPﬁé pifok? efitBftintiecfodita- 15

tion intredicged by aliigasiin@eiR n@cheaahalkyed filterbank used for spectral
envel ope adjustnment. The present invention analy- ses the input signal and

uses the obtained information to re- strain the envel ope adjust nent
capabilities of the filterbank by grouping gain-values of adjacent channel
in an order deter 20 mned by the spectral characteristic of the signal at
a given SIMMARY PEr THEr aNVEWFTONd filterbank e.g. a pseudo- QW where
transition bands overlap with closest nei ghbour only, it can be shown that
due to aliasing cancellation properties the aliasing is kept below the

sLop-band Liveine cbhechr it he gL et do i, RO BLIDEALILEET ) S

designed with a sufficient allasling suppre55|on

per f ect PFE¥6AstrGbniahenfoypepecoma pavekppaahdpaksient.view, although
this is not the case in a strict mathematical sense. However, if the
channel gain of adjacent channels are altered between analysis 30 and

syrithesiraist bejakitadisng ganseld aly o PLOPSELESS 8F€aViRt At % %&dec—
aI|a5|2£ gngonents wi | | appear audible in the out- put signa
per f or nihg~a "8G+ 8PaeAd] Pﬁ§@]ﬁn§r edi et isdgnad tie acs:ucbimarml:esamﬁl'es:kﬁlmme

fllterbgngrcmgnaglg Ltebs asses observ perties

of the LPC polynonlgl % pgggﬁmﬁgﬁ%%gmherea?cor ???eVb iﬂ%ﬁn%&

strong tonal conponent is pre- sent. Hence it is possible to assess mhlch

adj acent., gh%nne t.hat must not_ have i ndependent gain-values in order to
ong

avoi d a 5ERE AR OSthohhRE$F offPt H'& oPRPb EdpeRerintmmesshtian 5

t ha5chanbeh. introduced by aliasing in a real-valued filterbank used
for spectral envelope adjustment. The present invention analy-
ses the input signal and uses the obtained information to re-
strain the envelope adjustment capabilities of the filterbank
by ¢grouping gain-values of adjacent channel in an order deter-

20 mined by the spectral characteristic of the signal at a given
time. For a real-valued filterbank e.g. a pseudo-QMF where
transition bands overlap with closest neighbour only, it can
be shown that due to aliasing cancellation properties the
aliasing is kept below the stop-band level of the prototype

25 filter. If the prototype filter is designed with a sufficient
aliasing suppression the filterbank is of perfect reconstruc-
tion type from a perceptual point of view, although this is
not the case in a strict mathematical sense. However, if the
channel gain of adjacent channels are altered between analysis

30 and synthesis, the aliasing cancellation properties are vio-
lated, and aliasing components will appear audible in the out-
put signal. By performing a low-order linear prediction on the
subband samples of the filterbank channels, it is possible to

asses, by observing the properties of the LPC polynomial,




The present invention conprises the follow ng features: Analysing ge U@ %b
t he subband channels to asses where inz 10 subband channel a strong o ﬁ
conponent is present; Analysing by nmeans of a |loworder |inear predictor in
every %Hpband channel ; Gain grouping decision based on the |ocation of the
zeros of' Yfe P& aftk ohsnngle 17 ater emer gynahl colpenon: o8 pre-
real - valseed .| i enenia- i SCRIL PTIL. ON, QF . THE, DRAW N 20 The
present invention mﬁl? %gmﬁﬁgﬁggggffﬁgdggﬁeégyWgﬁq 1453954t | TRk es,
not | i nithiadg Misd sedpdace sipiddteraferttheyd im-wentdOnn Wide ¥ eferanse; to the
acconpanyi drawings, in_which: 25 Fig. 1 illustrates a frequency

anal ysi g)ﬁg;&gltgheaqf\%raerl%l?gncﬁ/omgoé}?d{;t c eghﬁy tOREAnSoMPRNER 2 prsfsent Mn
chanmmel theukbhaneefli.| t er bank, of an original signal containing multiple

si nusoi dal conponents. The frequency reso 30 lution of the displayed
analysis is intentionally higher than the frequency resol ution of the used

filterbanksph er L spl ere in,a filter- bank channel the

si nusoi dal Psesggge%??gﬁg%égJ%%P@ggggﬁi6herPhﬁ8§fP8t §2LUYBSFh vect or
containing the gain values to be applied to the subband channels 15 - 24
of the orlghpaL siagal. S:Fi . 3 illustrates the output fromthe above
gai n adj ust’ = ment"9 ATt vt ed b hpnencheanrrda ot hesest mbergr dsent
inméhtiQﬁbbEhQ-CHahhéyS£r§E§§n§h§oﬁgipHBmﬁéRQﬁEhﬁsaggggeggin adj ust -

Analysing by means of a low-order linear predictor in every

subband channel;

- Gain grouping decision based on the location of the zeros of

the LPC polynomial;

15~ Accurate energy calculation for a real-valued implementa-

tion.

BRIEF DESCRIPTION OF THE DRAWINGS

20
The present invention will now be described by way of illus-
trative examples, not limiting the scope or spirit of the in-
vention, " with reference to the accompanying drawings, in
which:
25
Fig. 1 - illustrates a frequency analysis of the frequency
range covered by channel 15 to 24 of an M channel
subband filterbank, of an original signal containing
multiple sinusoidal components. The frequency reso-
30 lution of the displayed analysis 1is intentionally

higher than the frequency resolution of the used
filterbanks in order to display where in a filter-

bank channel the sinuscidal is present;




10. mrent in a conpl ex-valued inplenmentation; illustrates in which Ha fng 2005
every channel a sinu- soidal conponent4is present; 20 illustrates t
preferred channel grouping according to the present invention; |IIustrates
t he out put fron1the above gain adjust- nent in a real-val ued |nplenentat|on
Wi th thglﬁre sentl}yiferaion; a Faaingviertast p@méglalblgo@bedug@gmmadiuame
i nventive appara- S es .conbinatio nal ysi.s and
synt hesi s filter aﬁis %@?fl ?cﬁ tkégi%&gﬁ Pgncggn e agga 3% 03
used. 30 Fig. 10 atdaistalatesyrealbl ock di agram of the neans for exanln- i ng
fromFig. 8 in accordance with the preferred em bodinment; and 5 15 JUN,
20,25 Fig. 11 illustrates a block diagramof the neans for gain ad- justing
from Figig8 $n accordance o t Bpthe.py Sﬁfterfﬁgm faod] gB 5 [esent
i nvention. 5 DESCRI PTI ON OF PREFERRED EMBCDI MENTS The bel escri bed
enbodi nent s are Ml y 40l | ast raglvealoed t heppenact pt esn ofwitieoyr esént
invention for i f 10 spectral envel ope adjuster based on a
real - val ued f||t é%rﬁ?g]ﬁé%eﬁ%ILHHErstood that nodifications and variations
of the ar- rangenents and the details described herein will be apparent to
Killed in the art. It is the intent, therefore, to be limted only

ot hers
by the gﬁ%péfof tHe USFFeH@ gt bat emtreltai fECRS5 thed akaveydehe sssistic
detiai | s present edhit WY Ll AGIY L Rralued implementation;

Fig. 5 illustrates in which half of every channel a sinu-

soidal component is present;

15 Fig. & illustrates the preferred channel grouping according

to the present invention;

Fig. 7 illustrates the output from the above gain adjust-

ment in a real-valued implementation with the pre-

20 sent invention;
Fig. 8 illustrates a block diagram of the inventive appara-
tus;
25 Fig. 9 illustrates combinations of analysis and synthesis

filterbanks for which the invention can be advanta-—

geously used.

Fig. 10 illustrates a block diagram of the means for examin-
30 ing from Fig. 8 in accordance with the preferred em-

bodiment; and




ti.on and expl anation of the enbodi nents herein. In the follow ng
description a real -val ued pseudo-QW i $ used conprising a real-dgﬁuéHN 20605
analysis as well as a real valued 20 synthesis. It should be understood
homeverTnga ];he. igﬁing probl em addressed by the present invention also
appears for -syst&ns WIACE&ScOnBLes aRapPsr® gAdther BgRNvalfged I8yt hdsi s,
as well as any othakt¢Asi resRoGYlat i | F T seudo- QW
used in this desc?%gtio%. The pré@eﬁf %%véﬁ%?gﬁgﬁggﬁgiE%p?ﬁ%aépgfggfeguch
systens as wel | . PRPadpgentocQFhevergsehanaeierssentially only overl aps
its adjacent neighbour in frequency. The frequency-response of the
channels is shown in the subsequent figures by the dashed lines. This is
onlyofor illustrative purposes to indicate the overlapping of the chan 30

nels, a of._be_jnterpreted as the actual channel re- sponse given
by the %%8?§?§%g°§ibFe§3EFﬁR$§B.EﬁBpﬁsﬂﬁﬂsauency anal ysis of an original
signal is displayed. The figure only displays the frequency range covered

by 157c/Mto 25)T/Mof the Mchannel filterbank. In the follow ng
descri pthén kekow-dssgupez oembbesiigrated shanmelralynbensuareaderivehf rom

their | cr - . r, fr enc hence channel 16 _covers the frequency
range ?%%TF%?@Cf$¥%FNf§§gﬁﬁae%rFﬁgngvéPT%ﬁpRﬁqq1f?% ABPERBBLEBL If o

nodif i capeohras dorelbpet heljsidkand, saapl 65 hetraean analay 5f?it[9 Aand
synthes&s the aliasing will be limted by the proper- ties o e prot ot ype
filter. tFf 1Bn&nEPBIS4RQ s dhfite ndbi f ek tal omenend huanéhsiane widitheedhr-

accor di pgngemangai anye , {s- played in . Fig.2, w g i ndependent gain
_val ues for&everrly ch(glln-ctilhceélr § eag*léagi%ﬁg%&g)ﬁgelqea%% ‘fSJrﬁ) e:blei eﬁ’p(fr%er}tost.

\Hence akol0thbrasisigldedpanentheniddt Show up ikRet ABteupUt: QT 1 pr ed
around e,qrogsover, re ion of the filterbank channels, as displayed in

Fig 3. Thi s T4 &t FHue ¥%r the cHifitexof miheneleprendinn retent! idlednin
PCISSEO24H0£36 wRerthd hep e PLE . 4882908 presented by way of descrip-

tion and explanation of the embodiments herein.

In the following description a real-valued pseudo-QMF is used
comprising a real-valued analysis as well as a real valuéd
20 synthesis. It should be understood however, that the aliasing
problem addressed by the present invention also appears for
systems with a complex analysis and a real-valued synthesis,
as well as any other cosine-modulated filterbank apart from
the pseudo-QMF used in this description. The present invention
25 1is applicable for such systems as well. In a pseudo-QOMEF every
channel essentially only overlaps its adjacent neighbour in
frequency. The frequency-response of the channels is shown in
the subsequent figures by the dashed lines. This is only for
illustrative purposes to indicate the overlapping of the chan-
30 nels, and should not be interpreted as the actual channel re-
sponse given by the prototype filter. In Fig. 1 the frequency
analysis of an original signal is displayed. The figure only
displays the frequency range covered by 15-z/M to 25-z/Mof
the M channel filterbank. In the following description the




played in Fig. 4, would not suffer fromdisturbing aliasing 15 con?qoneJU S., .
In order to avoid the aliasing conponergs that causes severe N 2005
i nternodul ation distortion in the output, the present invention teaches

t hat two, adj acent channels that share a sinusoidal conmponent as e.g.
channel dﬁf%% i‘IF}‘EF’F%El 1NURBSEShanfodié T B di Ardar itpeir. dow hergss

factor appdd edré@uif-fhey C t be identjcal. This is hereafter
referred  to as guco%%i edte\é%ien éor t%lersrg%ch(g%‘ﬁée 5. Hf’ i $ISAYERGseFA M pl i es
that thd6fFélliency7 mesMl wexcohudidt breenvelrope adjttstials A gasildd ceds in

or der tqlorq[ﬂo%.efitcr%.al i asi ng. However, given a sufficient nunber of
channel s,° the 105§ 14T requety Fesbhg >sibbiaed jsamplearalbepraase aalay for
the abserice 0fd seMeitRd i efne MROVA 8L AQN,Eh $T QL 1qR, LRy Qrder Lo assess
whi ch channel s shoul d have c%upl ed ga?n?g?gcfggr slfm‘tlﬁcgﬁp?j sgcr‘ne iHVENTT on

t eaches ‘¢ @adéeornattame 30 Utiersarl frigds childrand fsaand v ofterad i near
this frequency analysis tool

predi ct iR+l $.1 ; R ond order, .LPC,

is able to reggﬁ\%elso%er%sfm%&égﬁ AESPHIR ih e crRahidl,. By Bis-

servi ngptlheedi gn 6figthe fiwish Aredigeferolgaiom @l Loeffd.ci idhd 5 easy
to determ n\%é{f t he si nusoi dal conp%\ent is@lagitu 715 JUN%O%’ a(%heéﬁi n the
upper oFSrovel® hatfagingheamcsddencypr apgepertite agebbhmst chdnnek. o

secand andeakipkedoabbarnpol m z)=1-a,7z'-a,z (1), i s.obtained by
li near predict ?on u?i ng t hgﬁggt o%lo%“r?elfélt %%ntgﬁetoﬁ%gugr %ll‘?é“a&o%ré]rﬁeéi
met hod f&PUBJertpechannes-ovet hee@iFn foft etbanki thwibamit | chenablisgct e by

e, SPL 8L EDIeLepgaf 0 it oD, T, 3000 e QU bank, hanel s
_ tation as outlined in PCT/SE02/00626 where the output, as dis-
played in Fig. 4, would not suffer from disturbing aliasing
15 components. In order to avoid the aliasing components that
causes severe intermodulation distortion in the output, the
present invention teaches that two adjacent channels that
share a sinusoidal component as €.g. channel 18 and 19 in Fig
1, must be modified similarly, i.e. the gain factor applied to
20 the two channels must be identical. This is hereafter referred
to as a coupled gain for these channels. This of course im-—
plies that the frequency resolution of the envelope adjuster
is sacrificed, in order to reduce the aliasing. However, given
a sufficient number of channels, the loss in frequency resolu-
25 tion is a small price to pay for the absence of severe inter-

modulation distortion.

In order to assess which channels should have coupled gain-
factors, the present invention teaches the usage of in-band
30 linear prediction. If a low order linear prediction is used,
€.g9. a second order LPC, this frequency analysis tool is able
to resolve one sinusoidal component in every channel. By ob-
serving the sign of the first predictor polynomial coefficient

it is easy to determine if the sinusoidal component is situ-




, O<k<M (2) if al <Oif al >0 15 where k is the channel nunber, s _the
nunber of channel's, and where the freguency inversion of every otﬁeﬁ.ﬂNF’Wﬂﬁ
channel is taken into account. Hence, it is possible for every channel to
asses mher a strong tonal conponent is situated, and thus grouping the
channel 3 ?ggéPhépetW§P3§h8ﬁa%?%ﬁﬁcﬁﬁﬂgl@Gsbhdaﬁrﬁqueonﬁomenge bfi Ehg 5
the sigguebagdchnehrapel is indicated and hence in which half of the
subband channel the S|nu30|dal is situated, where +1 indicates the upper
hal f and s9condi cades ptddidoien phalfnodheli nvention teaches that in order
to avoid the aliasing conmponents the subband channel gain factors should
25 be grouped for the channel s where channel k has a negative sign and
chanmnel a; pgsHti ye-ssign. Accordingly the channel signs as
|II§strated %$5L t 8% gf%gs t he required ggéuping ac- cording to Fig. 6,
where channel 16 and 17 are grouped, 18 and 19 are grouped, 21 and 22 are
grouped, and channel 23 and 24 30 are grouped. This neans that the gain
val ues k( rﬁbtfadrnetd”lebygrbupeaircr‘;anmﬂcstkoranehsliﬁg atRecad et ed ek tageiher ,

rat her separ.at el accordln k( =gk-1(m = JEK f(nm) +EK~(m)
(3) rﬁ%%] GER i[gt ?‘r% %qj }i?\)ﬂ@r é%lfkrg‘{erﬁif sChaenekf épe gy,
and Ek(f91tsedthenlesthant aﬂnem@r ga\/ff@étéc!ﬂeb;POtHIe Do LB n LIS, RN

that the grouped channels get the sane gain value. Such grouplﬁb 0 the

gairl  fHETOM oy B veion el of ha OG- leamic et hatieh 5 opefines afcdibing
filterhank and gives the output according to Fig. 7. Here it is 10 obvious
that the aliasing conponents present in Fig. 3, are vanished. If there is

'no strong sinusoidal conponent, the zeros w Il nevertheless be situated in
‘either half of the -plane
. 1 if a, <0
sgn@j: (- Lﬂ /o ,0<k<M, (2)
(1) Fe20

15 where k is the channel number, M is the number of channels, and
where the frequency inversion of every other QOMF channel is
taken into account. Hence, it is possible for every channel to
asses where a strong tonal component is situated, and thus
grouping the channels together that share a strong sinusoidal

20 component. In Fig. 5 the sign of each channel is indicated and
hence in which half of the subband channel the sinusoidal is
situated, where +1 indicates the upper half and -1 indicates
the lower half. The invention teaches that in order to avoid
the aliasing components the subband channel gain factors should

25 be grouped for the channels where channel k has a negative sign
and channel k-1 has a positive sign. Accordingly the channel
signs as illustrated by Fig. 5 gives the required grouping ac-
cording to Fig. 6, where channel 16 and 17 are grouped, 18 and

19 are grouped, 21 and 22 are grouped, and channel 23 and 24
30 are grouped. This means that the gain values gk(m) for the

grouped channels k and k-1 are calculated together, rather than

separately, according to:




i ndi cated by the sign of the channel, and the channels w | gég
accordingly. This neans that there is nd need for de 15 tectlon N 2005
deci si on maki ng whether there is a strong tonal conponent present or not.
In a real -valued filterbank, the energy estimation is not straightforward
as in a conplex representation. If the energy 20 is cal culated by summ ng

t he squared subband sanple e channel, there is a risk of
tracking the él@%?J%& i I ( her than the actual ener gy.
This is due to f'a t ai(m)$mqq§m2dal mponent can have an arbitrary
fre- quency fromO to the i I'terbank channel width. If a sinusoidal 25
conponent is present in a filterbank channel it can have a very |ow

rel ative frequency, albeit being a high frequency si- nusoidal in the
original signal Assessing the energy of this signal becones difficult in

a real -val ce, averagi ng ti badl chosen with
respect to the ? Egiéguﬁore%e?$ﬂF%|ﬁﬂgﬁggalan§n§%4ﬁ9 he cstinated
(anpl it ugrsvari atd C n- troduce when_in_fac |gnal ener gy
actually is consta(rjltltg]ae éﬁeggrgsent ?%%%n??% St%ﬁﬁﬁﬁgsh%RB etﬁﬁpu$ﬁ€
filterbaflannsiannedts Sheulsfhn’@e g Hnipech 1Ta0- bsu&moggb\agangtnef | pgat ig@n of 9
15 JUNf%%Qg t he si nusoi daj Qnents. This significantly reduces the

t r enol o-probremPas Wigs b‘éh‘ﬁ')ufil L RE4"Gel A Ca ot s | PeoP®EUl @3 edf the

filterbamk tehpaanakysl gikikt ehg BEpar %&&%ﬁ'n%et@%'gat%d sl 9ns jof a

symretric | ow pass prototype filter pO(n)as | Po(n cosy
2|\/(]2Q<+1PPH10215 Mbat hkhe) 2Y149s gy whenpohkehns st herquarier inf mhanng) sark = 0,
1,

-’vuhlsh@dksI%h%here is no strong sinusoidal component, the zeros
will nevertheless be situated in either half of the z-plane,
indicated by the sign of the channel, and the channels will be
grouped accordingly. This means that there is no need for de-

15 tection based decision making whether there is a strong tonal

component present or not.

In a real-valued filterbank, the energy estimation is not
straightforward as in a complex representation. If the energy
20 is calculated by summing the squared subband samples of a sin-
gle channel, there is a risk of tracking the time envelope of
the signal rather than the actual energy. This is due to the
fact that a sinusoidal component can have an arbitrary fre-
quency from 0 to the filterbank channel width. If a sinusoidal
25 component 1is present in a filterbank channel it can have a
very low relative frequency, albeit being a high frequency si-
nuscidal in the original signal. Assessing the energy of this
signal becomes difficult in a real-valued system since, if the
averaging time is badly chosen with respect to the frequency
30 of the sinuscidal, a tremolo (amplitude-variation) can be in-
troduced, when in fact the signal energy actually is constant.
The present invention teaches however, that the filterbank

channels should be grouped two-by-two given: the location of



prototype filter order and n =0, 1, ..., N The symmetry of the 4 Brg}@ty@&/
filter is assuned here to be with resgect to n= N 2. The derivation et
are. simlar in case of half sanmple syme- try. 15 G ven a sinusoidal input
signal x(n)=Acos(On+6)w th frequency 0<-S2<-n, the subband signal of
channeltH&| MU IEpUCEIPCaenss - apfhds neten) f2gans 1K vedyees the

P{ S2- M }d:gﬁf{% +4( 2K+ +8} . .. (;3) re P(w) is the real valued

di scrett?%thi;@nle our | eM?ﬂ't ﬁ%ns ol;lm%62gu§fl%1%e\é&1§qneﬁfc{w(e'd prototype filterpO(n+

N 2). The approximation is good when P(f2+7r(k+1/2)1M is small, and this
holds in particy- lar if P(w) is negligible for |w ?7c/M a hypothesis
under | yithg® FRE1APSROLEIdhedhifdhtesPraks tioranplct kol Lehverspd, Gdjarst ment ,
t hecav energy..wthin a,subband k m ght be calculated as 30 1 5 JUN
2003 1?0%‘%% él?({ﬁgiaé:eldt vfé%ﬁﬁ-lrﬁ?ﬁm(‘?ﬁd , a(G)ngﬁ@ér&ﬁer CWPFST s BX NI ER of

| engt h i1 tfisgihi &9 equation (5) in equation(6) leads to 5 A2 Z P{S2 2M
(2k+1) 12 {wgd;rvx,(ZI)lcos(2cvv1_m+z(2k+o+vx,(c2))}, EkK(m =M 4 (7) 10 where

Y (Q is a phase termwhich is i ndependent of kand Wco)is the discrete
time Fourier transformof the window This energy can be highly
fluctuating if S2 is clgse to an i{nteger Y,

he(m) = |~ po(n) cos %(%H)(n—%—?)} (4)

.10 where M is the number of channels, k = 0, 1, ., M-1, N is the
prototype filter order and n = 0, 1, .., N. The symmetry of the
prototype filter is assumed here to be with respect to n=N/2.

The derivations below are similar in case of half sample symme-

try.
15
Given a sinusoidal input signal x(n)=Adcos(Qn+@)with frequency
0<Q<wm, the subband signal of channel k=2lcan be computed to
be approximately
20
A T 4 NQ
v, (n) ~ PiQ—-——2k+1) pcoss QMn+—QRk+1)———+8}, 5
"‘JzM{zM( )}{ 4()2} )

where P(w) is the real valued discrete time Fourier transform

25 of the shifted prototype filterpy(n+N/2). The approximation is
good when P(Q+x(k+1/2)/M) is small, and this holds in particu-

lar if P(w) is negligible for h42n1ﬂf, a hypothesis underlying

the discussion which follows. For spectral envelope adjustment,
the averaged energy within a subband k might be calculated as
30




multiple of ir/M although the input signal is a stationary si nusloBd JUN 2005
Artifacts of trenolo type will appearipn a system 15 based on such single
real anal ysis bank channel energy esti- mates. On the other hand, assuni ng
that ,c(k-1/2)/Ww-Q@ ,c(k+1/2)/Mand thatP(co) is negligible for Icol?n/M
only the subband channels 20 Kahd k-1 hayve nonzero outputs, and these
channel's will be groupdg(mbge} hex(rdst+ pYovfosed by the present(G)nventi on.

The en- ergy estinmate based omp=these two channels is 2 ~WO0)+CkP) COS

Ek(m) +Ek-1(m = M Sk(n) (20M.m+2( 2k+1) +P(S2))}, (8) 25 where ( 2 2 Sk(fl)=Pi
S2- -- (2k+1)I +PIQ2M2k-1)} (9) 11 and fin )T ,,.. ..12 -(- g, _. _.)2
-k(Q = 1TW2QM 1 5 Sk(Q (10) 15 JUN 2005 For nost useful designs of

prot ot W dd Ik @f)s,1d ta "Rl dsod Naf 186 nirs. apﬂﬁ%ﬁﬁ@ﬁ@'é’q&&@ﬁéﬁnhi nifhe
frequency range given above. Furthernore, if the window w(n) has a

| ow pagsifatitcer(6)0 lefrgisadoer, then 1s(S2)1 is much smaller than IWO0)I, so
thecfluc- tuation of the energy estimte of equation (8) is signifi- cantly
reduced conpared to that of equation (7). Fig. 8 illustrates an inventive

apparatus for spectral enve- 5 | ope adj ustnent, of a signal. The i nyentive
appar at '&C(meljdgz{@ mEansy 89 L W(BBQW'FJ JRo&]| KB Iy 93k 6 i gnal s.
It is to be Mded{tha&da subband signhal has$ associ ated2there
channel(7r;unber k indicating a frequency range covered by the

10  where W(f2) is a phase term which is independent of kand
W(w)is the discrete time Fourier transform of the window. This
energy can be highly fluctuating if Q is close to an integer
multiple of #/M, although the input signal is a stationary
sinusoid. Artifacts of tremolo type will appear in a system

15 Dbased on such single real analysis bank channel energy esti-

mates.

On the other hand, assuming that #z(k-1/2)/M <Q<x(k+1/2)/M and
that P(w) is negligible for kﬂZnﬁﬂf, only the subband channels

20  kand k-lhave nonzero outputs, and these channels will be
grouped together as proposed by the present invention. The en-

ergy estimate based on these two channels is

2
Ey(m)+ Ej_1(m) = fﬁsk(g) {W(O) +&5(Q) cos [ZQMLm + %(2&: +1)+ ‘P(Q)]}, (8)

25

where

T 2 T 2
Sk (Q) _P{Q—ﬁ(zkﬂ)} +P{Q-m(2k-1)} (9)




subband signal. The subband signal originates froma channel 20 fjl-a@N
havi ng the channel number k in an analysis filterbank. The anal ysi'sY 2005
filterbank has a plurality of channel filters, wherein the channel filter
havi ng the channel nunber k has a certain channel response which is

overl apped wth a channel response of an adjacent channel filter having a

| ower chgpnel 25 nunber k-1. The overlapping takes place in a certain
overlap- ping range. As to the overlapping ranges, reference is nade to
figures 1, 3, 4, and 7 showi ng overl apping i npul se responses in dashed

|l i nes of adjacent channel filters of an apalysis filterbank. 30 The

subband signals output by thg neaps 80 f 3n1F'g. g are i 2 put into a means
82 for examining the subban&{$§2g (521681)§0—152{§1—$I(B'c'—&}' al i asing
generating sigqggneqwngggpﬂc In“garticufar ‘the ans 82 isgperative to
exanm ne t he subband signal having as- soci4f%®d t herewith the channel nunber
Kk agd to exam ne an ad- jacent subband signal having associated therewith

t he-channel 5 nunber k-1. This is to determ ne whet her the subband si gnal
and t he adj acent subband signal have aliasing generating sig- nal

conponents in the overlapping range such as a sinusoidal conponent as
i |l ustre@edmpet axmfplle dasFygs DI Iprosotypdefinated, herte hbhdst haat

ass00i A0 e T AT nGABSEARES 115 hbe JosieBsd TA gheaiven ~

ci af' Y I3 5 R poSiRiol Fas -
the subband 51 oal " REeTay adscdiSt Eihfhyr il Re EhdRer Atnsaress. |
R di t [ {|dal t ' hg- L1, it b 15
Regordiag -4 ot ety ! Miegl|dals SommOnSS Shad g T Ll cbsgoes

‘cl ear that those are in ef'l appi ng ranges of corr

subbandc s @sH Sor Thed®aRsr89 Tt HXAME NLRY L QPELAT 1% o T dentify two

adj a-

cantly reduced compared to that of equation (7).

Fig. 8 illustrates an inventive apparatus for spectral enve-
15 lope adjustment of a signal. The inventive apparatus includes
a means 80 for providing a plurality of subband signals. It is
to be noted that a subband signal has associated therewith a
channel number k indicating a frequency range covered by the
-subband signal. The subband signal originates from a channel
20 filter having the channel number k in an analysis filterbank.
The analysis filterbank has a plurality of channel filters,
wherein the channel filter having the channel number k has a
certain channel response which is overlapped with a channel
response of an adjacent channel filter having a lower channel
25 number k-1. The overlapping takes place in a certain overlap-
ping range. As to the overlapping ranges, reference is made to
figures 1, 3, 4, and 7 showing overlapping impulse responses
in dashed lines of adjacent channel filters of an analysis
filterbank.
30
The subband signals ocutput by the means 80 from Fig. 8 are in-

put into a means 82 for examining the subband signals as to




cent subband signals, which have an aliasing generating 5|gnal 20 §oggona9;
‘in the overlapping range. The nmeans 82zis coupled to a means 84-f 2y
cal cul ating gain adjustnent values for adjacent subband signals. In
particular, the neans 84 is operative to <calculate the first gain

ﬁéﬂ{awme wn¢ratéadondigard adrpsnebht.value partitelsubbaridesi gnal

adj ust
on the

qzaqgacent subb nd si.gnal ,on, t he at her hand.
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exam niseg:idtedartamiah the cRamse f ofugBkeukabindd teS ORETGe tdVeado
det er m_ne t e first ?aln ad£ustnent val ue and the sec- ond gai n adjustnent

val ue AGtS
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adj ust nent %_and t he .suhband signals thenselves are sueﬁlled to

nmeans
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clear that those are in overlapping ranges of corresponding

adjacent subband signals.

The means 82 for examining is operative to identify two adja-
cent subband signals, which have an aliasing generating signal
component in the overlapping range. The means 82 is coupled to
a means 84 for calculating gain adjustment values for adjacent
subband signals. In particular, the means 84 is operative to
calculate the first gain adjustment value and a second gain
adjustment value for the subband signal on the one hand and
the adjacent subband signal on the other hand. The calculation
is performed in response to a positive result of the means for
examining. In particular, the means for calculating is opera-
tive to determine the first gain adjustment value and the sec-
ond gain adjustment value not independent on each other but

dependent on each other.

The means 84 outputs a first gain adjustment value and a sec-
ond gain adjustment value. It is to be noted at this point

that, preferably, the first gain adjustment value and the sec-

ach o] pre- ferred enbodinent. In the case of
é%%ﬁ %F n%%tEH$aFU§§%%ﬁP%99fﬁﬁ&g%eﬁﬂcﬁaﬁémﬁnikpq§ﬁl Anpl e

bot h
t he

a




gain adjustnent factors. In other words, the gain adjustnment of 2 %bgnd
si gnal having several subband sanples is3per 20 formed by nulti p‘q §i é eddh
subband sanpl e froma subband by the gain adjustnment factor, which has
been cal ggldat ead. for ,the respective subband. Therefore, the fine structure
of the sub- Band: sTEHAT TN hoValBacRee audk bai maaty ustmentinla girter

wor ds, tHertebatdme @it ude, vahues t sub d. sanpl es 25 are
mai nt ai ned, while the absol ut e grlrlp i %%% \ggl u%%cpﬁy%q%nggﬁﬁbm%f@s are
changed B§-HfiFti piyichg hatves dosempledchyatehe fgai neadipisd MBAt aValdde a1

associ at gdpw th.t ective sub-_ band signal. 30 At the output of neans
86, gai n-agj ugtégéqgﬁ%ggﬁd%&cé’ﬁﬁrs ar® BOTEE Hedl. Ighen adiusemgaknvadjuest ed

subband sPynabsoadéngnput tHatOr2gsYHi hasks J4:lt € pﬂ:kt ich.is preferably
a real -valued synthesis fil terbg%k, t he outg|foultn 0 e Syh h‘é%‘:“éeg are
filterbank = PrallefnEhapnthesitiehesutynitussighatheoesigohashowl sbgniahigcant

14 15 JUNi409P 8hkAStRE ¢ nents as been, descri bed above with respect
to Fig. 7. It is to be notegggh?rgel%tehﬁpg&ceon%?%qjen né2ties i @k BiElal bas- 5

i ng conpiehiedakater obt.ai ned, when the gain val ues of the adjacent
subband signals are made equal to each other. Never- theless, at |east a
reduction of aliasing conponents can be obtained when the gain adjustnent

val U8s fBre tiheaas] a¢cembrswl Rand ;s ; : at ed. depenpdent _on each
other. This ‘%1]10 means thgt. an i mpr &vggmr%l%ogﬁ%% %%i‘ﬁ%lg?%)ugg%ﬁf%e
al r eady St iHSE  Siervaite @ﬁw@d@thewafmstﬁéeaag)gcé@gagbybaggual

to each (itdhey; butTid L C r_Lo each other conpared to the case, in which
no invent id\}g st eps aveé%fergnag%klg meRE KghHas) g Her eaeband ngeansds i s

et s L e T L g WO

ated gain adjustment

15 wvalues. Preferably, the gain adjustment performed by the means
86 is performed by a multiplication of subband samples by the
gain adjustment values so that the gain adjustment values are
gain adjustment factors. In other words, the gain adjustment

of a subband signal having several subband samples is per-

20 formed by multiplying each subband sample from a subband by
the gain adjustment fagtor, which has been calculated for the
respective subband. Therefore, the fine structure of the sub-
band signal is not touched by the gain adjustment. In other
words, the relative amplitude values of the subband samples

25 are maintained, while the absolute amplitude values of the
subband samples are changed by multiplying these samples by

the gain adjustment value associated with the respective sub-

band signal.

30 At the output of means 86, gain-adjusted subband signals are
obtained. When these gain-adjusted subband signals are input
into a synthesis filterbank, which is preferably a real-valued
synthesis filterbank, the ocutput of the synthesis filterbank,

1.e., the synthesized output signal does not show significant




As it is known in the art, spectral envelope replication or 20 high
frequency reconstruction includes certaun steps at the encoder-si deSawN\ﬁbeS
as certain steps at the decoder-side. In the encoder, an original signal ~
having a full, bandwi dth is encoded by a source encoder. The source-encoder
pr oduce A DG UEPIROR Al asi has leerndededivedsiabovef wieh oregpbaat si g-
nal, inahimghy one or nore frequency bands that were included in the
original signal are not included any nore in the en- coded version of the
original signal. Normally, the encoded version of the original signal only
i ncl udesltg ilsov%(g) ng oftt eh30 origi nal bandw dth. The high band of the

ori gi nal” bandwi dt A° of **tHe"6F Fgithalt §i gifaIPiatotanert kafern mof hel emsoded
versson iofy ¢depondiginatani Ralopthifbe, engaderanl gy fhere by, dn addi -
tion, a spectral envel ope anal yser for analysing th specfarale enve ?)e of
the ori GiHAICSEitgridiPhang Hel emds, anhi nhdar equiads t16 k) UNROOS5 fid@gein t he

encoded rSi-Qn of, t iginal .signal. This mss- ing band(s) is, for
exanpl e,t%%ﬁglsﬁi'ghg%aggég%h% sf)%%??gf‘cgn\? _ LIS LAl GSBPONSNEBecaN e t o

pr oduce c@tedaesie whrveltdpe Jeapr erd Rettdd Oy Ofud derbanthe Wi $hcdse M gsing in
t he enc%%%gj ver si og 5 of the original signal. This coarse spectral envel ope
repre- Séntat oA Ean B Yerdlstddtiasd seeepaienayson Osaakay otbeto plsss t he

respect neankr eguengy, RHIAR QR | .gi nal_ signal. th{)ou h. an_anal ysi s
filterbank so that respgtctoi vgggt}b%gfna{dsegg{ﬁnaa ;ng% oérltf%% Je%‘?ijv‘oé %ﬁé sin
the cor PE$péREAng FThequentsy t@inangdjasemehtainerhend @ cabeul seaihe

ener gy ch subband__so that these energy values are the coarse spectral
_envel opghuggp:%eosgeﬁ A i%?li?exAngP%etarﬁos%Ti%?ql? t§Oi 82Eh OShGctcaTRewd ero

~analysi shefcabe, 15 #hsshngobandeapdvtoseabsuhate bhenepgigy of the missing
fre quency band by cal cul ati ng an average energy o the spectral
coefficients in a group such as a critical band, when audio

15 Normally, the present invention is used in connection with
spectral band replication {SBR) or high frequency reconstruc-

tion (HFR), which is described in detail in WO 98/57436 142,

As it is known in the art, spectral envelope replication or
20 high frequency reconstruction includes certain steps at the

encoder-side as well as certain steps at the decoder-side.

In the encoder, an original signal having a full bandwidth is
encoded by a source encoder. The source-encoder produces an
25 output signal, i.e., an encoded version of the original sig-
nal, in which one or more frequency bands that were included
in the original signal are not included any more in the en-
coded version of the original signal. Normally, the encoded
version of the original signal only includes a low band of the
30 original bandwidth. The high band of the original bandwidth of
the original signal is not included in the encoded version of
the original signal. At the encoder-side, there is, in addi-
tion, a spectral envelope analyser for analysing the spectral

envelope of the original signal in the bands, which are miss-




signals are considered, using a grouping in accordance with the mql?-iaomp
Bark scale. 20 In this case, the coarsggspectral envel ope representati N 2005
con- sists of certain reference energy val ues, wherein one refer- ence

energy value is associated with a certain frequency band. The SBR encoder
now nul ti}f eXestihi 8nepdrde vepedbnaloferttel opei @nakeps Bgieat at TONs Wi Bst he

encoded MRf HNH ts i.ginal signal, to,forman output signal, which is
t ransmi tgg{j to a(%];)eclg;'vgﬂ;drgoér&%m %R%%%d@l%c%ﬁ%?: The sprefeabiyedeeoder
is, as iltoHss dumdwsdam itsheopstat DRErad i ¥eodd@et9 £69L0ET 3L e w]lge @é%irgg
frequencgy, bcaancd by flt\r}%rgi certain or all frequency bands obtal ned Dy
decodi ng thé "értoded B ofhide o7 imi salngi ymathe oenboded werecoded
vershonodf the oeigghRal ssignal . tur t he decoded version of the
origi- nal signal %I SO dgelgglnot inc éjudgg%%gemsgsﬁc §aganed‘.vellrﬁp$ nfeRres 15

JUN 2005°Mrg tB&Rd g hew Jessorasterdcitre dsesd gl they Hansise | i) udede 4 bibe
~origi nalpsi gnalg @‘:ti@%m ral_ band replication. In particular, oneor
several bands if the decodeFAERYi oPtHe otf githe otiymrakr eskwhatt ed
and copicbdoupht anbands yswhi @i 1have & be S H-AC T he, fine
structure of the copied up sub- bar?d signal s o%ﬁ%ﬁ%y/s%q(% ait9
coefficl'8hts &% aGrEsFedveustmnnmif adj usherenb rrakpesd inki CIIhr@ﬂL&‘enC%
een

caliqul atgdqHsSkRrg : u ener f .the bband si gnal, which has

copi ed up Fon thebgﬁglﬁ%ﬁd?hgng%ug%é%%utlﬁécery@r%%ﬁ&%f%ﬂ cH¥ansk 10
tract edSPr éhethe hosar senspgyt vall uesveleper e Presenkatd b rahi G, s, been
transn‘iEégQ%&g&ﬁfe encoder to the decoder. Nornmally, the galn adjustnent
factor 1s calcula e%nby deter- mning the quotient between the reference
‘energy and the ac- tual energy and by taking the square root of this val ue.

15
Another possibility is to conduct a Fourier analysis of the

15 missing band and to calculate the energy of the missing fre-
quency band by calculating an average energy of the spectral
coefficients in a group such as a critical band, when audio

Slgnals are considered, using a grouping in accordance with
the well-known Bark scale.
20

In this case, the coarse spectral envelope representation con-
sists of certain reference energy values, wherein one refer-
ence energy value is associated with a certain freguency band.
The SBR encoder now multiplexes this coarse spectral envelope
25 representation with the encoded version of the original signal

to form an output signal, which is transmitted to a receiver

or an SBR-ready decoder.

The SBR-ready decoder is, as it is known in the art, operative
30 to regenerate the missing frequency band by using a certain or
all frequency bands obtained by decoding the encoded version
of the original signal to obtain a decoded version of the
original signal. Naturally, the decoded version of the origi-

nal signal alsoc does not include the missing band. This miss-




This is the situation, which has been described before with requ\(l:\g tﬁN 2005
Fig. 2. In particular, Fig. 2 shows sugl gain ad- justnent val ues ig 05
have, for exanple, been determ ned by a gain adjustnment block in a high
frequency reconstruction or 20 SBR-ready decoder. The inventive device

i || ustrat®d B3PEi 55 Bowanebenatedcted usdmgl ethed e aoidgide 0TI he

SBR- gai iy adjiystjre Vi ce or an .be used for enhancing a prior art

gai n- adj usgjnlent d%%/?rgagl %g |sr§>etcﬁ:eraf:|1 rlg?ngo§§pl}illqatt9‘9nt-h%rgali’ﬁr%ﬂel?%@nent
val ues are des bevataed dhoisadacent subband: siaral sy dgpendanto pr, each
other in _case the adjacent subband signals have an aliasing pro fem - This

means t Fat 9 e DvEFFEGHi AGLf crréedr aupobsebantist hehithl heve fucomahi ch
t he @dj aeehsswhbkard SitgRal s Qid 9 e here were aljasing-generating
s ey A ege e 3y

si gnal conponents such as 4 to- nal signa s &S di¥eussed
i n connB&fForsgnals Fpy. firequertdyi/smase;al heogaincagdhust mpat ¥ Ups-@r e

cal cu- - neans. of the reference energies transmtted fromthe
SBR-r ea %Egﬁc%elﬁa%% %@t%%%svaﬁuaﬁf esthifdt i 3%e f 6RLERG2EAGr G iDnT THhIUN

2005 of atheatopinedgyp cxubhands S Ss14A911 NLHSSRORSE tb%e%hecqr{ﬁae%s 18{1‘“
exam ni ng tthe subband signal s as to aliasing generating  'signal” cohpGhents.
5 I n t h8Mot&r Wsehandy wanehushedi Mrent rvfedenieechsrygedhfien ienhanci ng

t hetppetafktbhy n existj SBR-r eady _decoder,. the nmeans for
cal cul ati ng gai n%(c)ilﬁusjfe})l(rréent&@% ?J%S ?%?C%EIT ceTVE LR ante iy il i tden e

i npl enevibédhslets theen i trnebnieves theom gahn agdidsidento vahues ofodaw
adj acenf bﬁmd %él%nal s, which 10 have an aliasing problem Since a
typi cal %@%—Lr eatly "Erc e goedSHBR bafaskpratiencaboutatedi hyi nipterebl ens,

‘these gainingdjiust RRIYt Y} UESf Y od NE jacent subband, signals are
i ndependent on each ot her. The |nvent ?%etr\ﬁ%é%?n%c?r CHW a??ﬂgtgﬁhécjai n
adj ust nE¥tL vaeesY | andpey ataking otltersqeacal codated this value.

15
This is the situation, which has been described before with
respect to Fig. 2. In particular, Fig. 2 shows such gain ad-
justment values which have, for example, been determined by a

gain adjustment block in a high frequency reconstruction or
20 SBR-ready decoder.

The inventive device illustrated in Fig. 8 can be used for
completely replacing a normal SBR-gain adjustment device or
L can be used for enhancing a prior art gain-adjustment device.
25 In the first possibility, the gain-adjustment values are de-
termined for adjacent subband signals dependent on each other
in case the adjacent subband signals have an aliasing problem.
This means that, in the overlapping filter responses of the
filters from which the adjacent subband signals originate,
30 there were aliasing-generating signal components such as a to-
nal signal component as has been discussed in connection with
Fig. 1. In this case, the gain adjustment values are calcu-
lated by means of the reference energies transmitted from the

SBR-ready encoder and by means of an estimation for the energy




15 gain adjustment values for the adjacent subband signals based{ gn ltjne"
two retrieved "original" gain adjustnent; values. This can be done iT’] £005
several ways. The first way is to nake the sec- ond gai n adjustnent val ue
equal to %he?fi rst),u%ai n adjustnment value. The other possibility is to make
the firstt gatn Sopict 2o wepbandl stoeaksl eodthe sespndsgatn abpustEBRBt

val ue. Ther bthbrdnpassidydi 1 o] cul ate_the average of both original
gai n adj ust ment val ﬁgs éginéd %%bgérel&t kﬁ%?nf\%esr ag8 as t‘?‘l]gléf 157 9E8PEaFared
gai n adjUstehtcamparerdrad t he second cal cul ated en- vel ope adj ust nent

val ue. Anot her opportunity would be to se 25 lect different or equal first
and second cal cul ated gain ad- justnent values, which are both | ower than

the higher w©iné gbbhér gaikse,adjiusiiEsy vabue pgndwhich are bath @i%lge%ot han
the | ower ai,n adjustnent value of the two original gain adj ustrent°¥al -
ues. V\h«?r?fﬁ%gfl@ ahde Fiqpe B hdrld taonpér ety ekibédogeSERH-eara 30 tibabdé he

first angd he opd.. gal LUS nt .val ues for two adjacent subbands,
whi ch have beeazrgoga?gﬂl ‘g’%‘gﬁagéggﬁg‘ér‘%‘?% a%ﬁnﬁ%r‘fa]&’re@ beth RIGRHEPNE han
t he ori giWpdlaridovseirgnedl suecamdoe at ephenBnsaal Iseicht hamd he %é@iff@% L gher

val ue. 23 FESINITN 005 I n accordance wi th another enbodi nent of the present
i nven- tion, 9 MG HER S r @hd{vencstiacailtr enbparet forgmathe dledeht ur es

of 10 ovhdivag @mbamgs%gn%&m%@.cks§9c|8f ;Lgr\;g@:ale —lri gg{]ygzé%?eo ubband

signals as to aliasing generating signa onent s 9. 8
and cal €GPSt iMRF gBRK adjwustttemniovaltvesatvis ey apesblserbbantHong s

bl ock : r-_f d-in SBR- r ead ncoder, which does not do an
( I e e iR, St s 01 R RbaRY bPoRde dignds rgke

gain ad- justing operations:

i |1 ustranddpbydestenaneacsi @th®4.i whe Gindand Sy L UG ed, ) Ocﬁ%ﬁ ans for
out puttH_}g the first and the second cal cul ated gain adjustnent va ue f or
transm ttal %dTa HeLEBHEren] nvahigscdse, opdeatiteoder wieldi vice ced Meulart &l 1 eady

"alimsi §8in adjustment values for the adjacent subband signals based
on the two retrieved "original" gain adjustment values. This
can be done in several ways. The first way is to make the sec—
ond gain adjustment value equal to the first gain adjustment
value. The other possibility is to make the first gain adjust-

20 ment value equal to the second gain adjustment value. The
third possibility is to calculate the average of both original
gain adjustment values and to use this average as the first
calculated gain adjustment value and the second calculated en-
velope adjustment value. Another opportunity would be to se-

25 lect different or equal first and second calculated gain ad-
Justment values, which are both lower than the higher original
gain adjustment value and which are both higher than the lower
gain adjustment value of the two original gain adjustmenflval—
ues. When Fig. 2 and Fig. 6 are compared, it becomes clear

30 that the first and the second gain adjustment values for two
adjacent subbands, which have been calculated dependent on
each other, are both higher than the original lower wvalue and

are both smaller than the original higher wvalue.




reduced"” coarse spectral envel ope representation together with 1% -

preferably an indication that the aliasigng-reducing grouping of a%jék%dwgg

subband signals has al ready been conducted. Then, no nodifications to a

nor mal SBR-decoder are necessary, since the gain adjustnent values are

al ready ¥m Q@@@rﬁhape sehﬂhaenothersymﬁhﬁs}ﬁﬁd:sbgn&h@M¢fe§@ﬂW RAvahiasi ng
nth certain inplenentations of the neans 80

di stort ,
fhf OLrgg? ding su%%h%% g+§n§?§ bpadyesirraed. 2l Fega¥ePeRECpREsERe fea-

i nvent i onutes i 6P| EAER @hd ns@b@&ry&lsfcglﬁgﬁy(bwek”@@”éff pL p'é?‘“ di.ng_a
plurality of subband signals is the anal yser for 25 analy gng he m'ssi ng

frequendyPiihd the, esubkapd f Ise@@@rl@y @and:o t héuassngotgerrmiatdeng i Bighel
encoged V&hLSI Y, i ghbnale qﬁt resent,invention is
|nplenenteé§?n égioggﬁogg- 20%%0 et hé ?5;1 Wi YA BsﬁhﬁFlty of
subband margnavslean lieramdnaleysi sSttmtatred bam5n5@5 apabyx nont herdegoded
ver- siaq he ori |naI si gnal conmbined with an SBR device for

t ranspo Qﬁyﬁimﬁqoﬁ/ ﬁﬁargﬁﬁbaﬁacgﬁ@ﬁal§hﬂ§hhﬁﬁﬁsbawﬁ-sﬂbbamﬂ gehanaéts. In
h ng t - 005_19 |
case, houwamEhg thee£H€0ded. version Of 1he origi ér?e%l Dlg anﬁaicﬁﬁn]%lt'%y gna

i ncl udes, uantlzed and potentially entropy enco
themsel ustﬂ#@trﬁéhrﬁyfmfw@w@mggmo@s hat F:IJgnC|8JdeL§.rb@(ﬂ@é(}’i§éC$ to a

filigr t he ans f pro ding is operative to extract
entropy codgg; dugé B HiAntiSe l§ﬁgb§ FLMdnrdhertreednveind

si gnal ianputs tientt ke ldecader « rEhemiRans EQIaPH%@d@eQQ is further operative
to transpose such | ow band extracted subband signals in accor- dance with

any of the known transposition rules to the high band as it is known in

the art 1ef spectrakebang.repldcatiof gh frequency, regconstruction.
Fig. 9 shows the cooperation of the' analy5| ItetB%H?E‘%h hflaSlng"
reduced" coarse spectral envelope representatlon together with

15 preferably an indication that the aliasing-reducing grouping
of adjacent subband signals has already been conducted. Then,
no modifications to a normal SBR-decoder are necessary, since
the gain adjustment values are already in good shape so that
the synthesized signal will show no aliasing distortion.

20
In the following, certain implementations of the means gp for
providing subband signals are deseéribed. In case the present
invention is implemented in a novel encoder, the means for
providing a plurality of subband signals is the analyser for

25 analysing the missing frequency band, i.e., the frequency band
that is not included in the encoded version of the original

signal.

in case the present invention is implemented in a novel de-
30 coder, the means for providing a plurality of subband signals
can be an analysis filterbank for analysing the decoded ver-
sion of the original signal combined with an SBR device for
transposing the low band subband signals to high band eubband

channels. In case, however, the encoded version of the origi-




can be situated in the encoder or the decoder) and a synthesis ﬁiSLﬁﬂ@g@bS
90, which is situated in an SBR-decoderyg The syn 15 thesis filterbank 9
positioned in the decoder is operative to receive the gain-adjusted
subband si%naLs to synthesize the high band signal, which is then, after
synt hesi 82 coiiNddd e ludes decauetzeer ahan peft dit 2anivai il r & @8l e dde g

obtai n agfHhLnqb coded signal. Alternatively, the real val ued
synthesig 20 ?9|?§%€aﬁﬁ g%ﬁﬂﬁ%iﬁe§%etQﬁoF@a@ﬁ Hal PFPBHEEREy dbaad red t hat
the | ow baatudhammel snafyshe syntbeshskfil{er bank re sup- plied w th

t he subb g s&gnals,represenping t he decoded ver- %%g%’oﬂﬁgﬁemg?Pai ar

si gnal , PYe“th2 niYh Beid tivier efochantraeks anersppplieecdadt hatde rgai n

adj ust edgsabbangd sk ouf 5 p y,.eans 84 fromFig. 8. As has been

outlinegqearlier, tﬁ2@+§%eﬁ%?%%§%a?%a aFH%ntgﬁnsﬁéFgeQdFﬂ@Pﬁénﬂ“@&Wué@ in

dependenkle f fgArdach Ghleemesidowsot 0preoabiing @sﬂﬁﬁ%ﬁﬁeﬁnéb¥§%§i§%|E%rba”k
-val ue

and a r - n,3Q thesis filterbank or to conbine a rea

anal ysi E@Iflﬁllsl{éfageéjggbg}éﬁha "y Peaf- wityaF St Bekband |signedsk im pacoireul ar

for |owaost dechdemvappt i €aki 1 Fi 10 illustrates a
o b fStLJMNS 2P £ fﬁ%es stDan‘g‘h%i gﬁgps. As

preferrﬁgﬂggbodinent of the neans 82 for exam ning u
has bee |Fhett bkt ofkRowmi i Fleepert b6 Bpgctbalt Bandeaep182a£0bn or

exampni g § o dd @ g nmeans 100 for determ ning a | ow order
predictor 5 poli%oé¥§1 é%%##ﬁ%ﬁ%%?‘?ﬁr a subband signal and an adj acent

subband signal so that coefficients of predictor polynomals are obtained.

Pref er abl. as been outlined with respect to equation (1), the first
predict%&¥50ﬁ§J%ﬁ%ﬂ ﬁhﬁﬁ??QR%ﬁﬁt¥ﬂnepfs%h©n@n@lﬂ&ispféﬂterbankpmhymcﬂim

0 et med b, hessaal o0 o, CHoddb ool UL eg o TUEEans 100,15, coup!
subband fidit§gRpak |90 acebidante witthatteel pref anr etremedEnt e 1 Bfn-

15 thesis filterbank 90 positioned in the decoder is operative to
receive the gain-adjusted subband signals to synthesize the
high band signal, which is then, after synthesis, combined to
the decoded version of the original signal to obtain a full-
band decoded signal. Alternatively, the real valued syntheéis

20 filterbank can cover the whole original frequency band so that
the low band channels of the synthesis filterbank 90 are sup-
plied with the subband signals representing the decoded ver-

sion of the original signal, while the high band filter chan-

. nels are supplied with the gain adjusted subband signals out-—

25 put by means 84 from Fig. 8.

As has been outlined earlier, the inventive calculation of
gain adjustment values in dependence from each other allows to
combine a complex analysis filterbank and a real-valued syn-
30  thesis filterbank or to combine a real-valued analysis filter-
bank and a real-valued synthesis filterbank in particular for

low cost decoder applications.




present invention, the neans 102 for determining is operative tO»LQv;aldﬁHj a,}.&
the equation (2) so that a subband si gg@l and the 15 adjacent subbahdV: ¢¥u3
signal are obtained. The sign for a subband signal obtained by nmeans 102
depends, on the one hand, on the sign of the predictor polynom al

coef fi cilgg. afd,ilomgtheatoidies phanch - &f éﬁﬁb&ﬂﬁ@ﬁ@loPugpgrqgénguggan
or

nunber k. The .nmeans, 102 in Fig. 10 is coupled to a neans anaFysing

the si gngI Y UelBE m FPRA}ACcEATNGEBbanks sihgmal e bavio: ldlrieaki bgfore
probl ematiith cRRRENtS, gy pafti ' cordance with the preferred
embodi nent _of the pr esenltrbi?\%/'enﬁgo?\r{le?ﬂrl\% ?rféaﬁcs)r 1%a?§nbﬁ%rgf?’5emt%' 8

det er mi A& A d@EbbaANndesingnal 80 afcaubbandrai gnays havbng Aldasi pagenesat i ng
si gnal AR , LN se. t he subband signal having the | ower channel
nurrbn%r %as a%%géﬁti%%eguﬁg L Hhg %H& b 4RB 280yl 9l - anflg arheadi ahemt
channel subbber haisyrealnegat iR tSi @he N 9. ' onsidered, it.becones
clear that this situation arises for 30%%%%&?2 sélgsgencgﬁds]c%l]% %ﬁgyllqms%f? hat
t he subBafid °SitGRars - 16 i@ rabi var @ sddtasr mewd dwt binedlj atent resphande o

si gnal s cha%kng,cay- pl g/l dj.ust.oent val yes. The sane is true for
subband g?g- %gl 8%8 a‘%gg' lgi%?@sgﬁﬁgﬁﬁggFgﬁ’gl é’nﬂué‘ﬁrd i d@barE s gnal s
23 and 2&copd DrEleyUN12805:1 fori Spd DylemN®t edshaeeihhat 1 Al des r@%‘%yﬁhé/n al so
anoltﬁer (RY e Sdiccti OniaEOl nomal, i.e., a prediction polynom al third,
forth offifth Grdet bel g elieaBAd 10Wati sl couphed her pelayiss 9@ fbr
coef fi cdentrrani he used &0r detertg v it S} ch s the secqnd, .third
or forth, order prgdi cti o(jn p%lgyrr?on(‘{igaelrf%%-lge}}ecfi%ﬁggnt%geTﬁﬁﬁ'cc? dtﬁ"gj

with reSpeBileo dduatfensdanamdwiZh sthéoweeder reref rsedisémeeoirt ol ves

a low cgbeubati 9RveRYSLRCadn Q. Fidk 1d,Pous @ preferred il ementation of
to calculate the equation (2) so that a subband signal and the
15 adjacent subband signal are obtained. The sign for a subband
signal obtained by means 102 depends, on the one hand, on the
sign of the predictor polynomial coefficient and, on the other
hand, of the channel number or subband number k. The means 102
in Fig. 10 is coupled to a means 104 for analysing the signs
20 to determine adjacent subband signals having aliasing-

problematic components.

In particular, in accordance with the preferred embodiment of
the present invention, the means 104 is operative to determine
25 subband signals as subband signals having aliasing-generating
signal components, in case the subband siénal having the lower
channel number has a positive sign and the subband signal hav-
ing the higher channel number has a negative sign. When Fig. 5
is considered, it becomes clear that this situation arises for
30 subband signals 16 and 17 so that the subband signals 16 and
17 are determined to be adjacent subband signals having cou-
pled gain adjustment values. The same is true for subband sig-

nals 18 and 19 or subband signals 21 and 22 or subband signals
23 and 24,




cul ating gain adjustnment values for adjacent subband signals in accordance
with the preferred enbodi nent of the present in- vention. In parti bullal, 2005
the neans 84 fromFig. 8 includes a 15 neans 110 for providing an

i ndication of a reference energy for adjacent subbands, a nmeans 112 for
calculating estimated energies for the adjacent subbands and a neans 114
for detef- {g@ggb(fai rs% ang second gain adjustnent values. Preferably, the
first gain adjustneni vEFuéegr @t he Seromt iges I adilse 200teat pakue
gk- 1 ar elieqiain Poefeembhy ans 114 atjve -to perform eguation (3)
as showy above. ilgt, iﬁls to be g{%gd héréjrsef g"tq'jl?\%r% néf)wr,]oﬁﬁgii r?gc Bipdr on
the ref ééice Thetghth ovrder facehe swbbandsmd sciobt aines fsomen gycoded

signal ewhhuWl Y & NOr BR encoder n particular, the reference
energi es con 25 95% tltr}%)le ILe(’s%%a Se usspeé{:til'%ﬁf gﬁ&@l‘fﬁ‘bélpﬁf &heatd e asuch

gener at 8¢ W asewomdl SBR-d eady FeREAdRIrdekNg i VEAL] O ﬁé%&ﬁﬁ 2‘?%%&61

nmet hod 'fe%r isgec%r al . envel ope adjustnent of a signal, usin
where sSrdFiffér G ATOCESMBE $deva rsidih vieg spt taniad yesinsa ppiotts andaed r eal

val ued 2syid hesbwepaF! BreWberegsai;d fLilterbank, conprises a conpl ex
anal ysis part and a rea]B val ued s%r%?‘ﬁeesilst?pja?}’?l‘vfxﬁﬁré—’ Qpweilcugtion
frequen€ySrBRaAnel and the adjacent higher, in frequency, channel are
modid i ed using the sane gain value, if said |ower 22 15 JUN 2085 channel

has a positive sign and said higher channel has a nega- tive sign, so that

the rel Bigonlbethees thersybband samnlgs @t Sl r ghannel  and fhe
subband sfz'in?l es of said higher chan?ﬁr?el nl éatr%?lng)éél gc\g% B9y e dtbve
met hod, “pr 2F ePabIFR 10 A WHitrnial velhescaloul atpaceby wsibbgnthes ayeraged

frvent ve TevRca“orechbeR THer i EREERBtalak o ! EAF Wt o 1
har dwarée®Ei¢m. In particular, the means 84 from Fig. 8 includes a
15 means 110 for providing an indication of a reference enerqgy
for adjacent subbands, a means 112 for calculating estimated
energies for the adjacent subbands and a means 114 for deter-
mining first and second gain adjustment values. Preferably,
the first gain adjustment value gx and the second gain adjust-
20 ment value gy, are equal. Preferably, means 114 is operétive
to perform equation (3) as showﬁ above. It is to be noted here
that normally, the indication on the reference energy for ad-
jacent subbands is obtained from an encoded signal output by a
normal SBR encoder. In particular, the reference energies con-—
25 stitute the coarse spectral envelope information as generated

by a normal SBR-ready encoder.

The invention also relates to a method for spectral envelope
adjustment of a signal, using a filterbank where said filter-
30 bank comprises a real valued analysis part and a real valued
synthesis part or where said filterbank comprises a complex
analysis part and a real valued synthesis part, where a lower,
in freguency, channel and the adjacent higher, in frequency,

channel are modified using the same gain value, if said lower




software. The inplenentation can take place on a digital stor- agf ngQium .
such as a disk or a CD having electronysally read- able control sién LY, 2005
whi ch can cooperate with a progranmabl e conmputer system so that the
inventive nmethod is carried out. 15 Generally, the present invention,
therefoﬂ@ﬁﬁnﬁlah@@npupesitpw&gsa@mpb@@u@hi@a%ﬁ@gea @hggh@qlﬁggeasggﬁgd on a
nachine%i%%a%%bke carrbgr, gor performng the inventive nethod, when the
conput er-program’prodiletr &R 8714 tdompRESMeenn thehsbbapddsamphesi adent i on
is, thesefiar @cwalrSehansenpyuhgr 0 IL.AA .a Rr QQr. e fo
perform ng the inventive rns‘tﬁo:jt?;“9 %ﬁg%b%%eggé l%FeP%pggégghggﬁﬁg 8%33_
conput eP**155)0R12G6312d . CLAI M5 1. Apparatus for spectral envel ope

adj ustnent of a signal, conprising: 5 neans (80) for providing a plurality
of subband signals, a subband signal having associated therewith a channel
nunber Kni hbiecabbng mefheduepeyreanpeysovanedqhynthalsubs sband.sigpay. the
subband,_si gnal orjiginating froma chan 10 nel filter having the channel
number RYi Séﬁgaﬁhgy§V§ra9?¢t@P859K RavPagdaagl acanhit ghefinehannel filters,
wherein the channel filter having the channel nunber k has a channel
response which is overlapped with a channel re- sponse of an adjacent
channel DEPFRELNHaging e oifanmetstadcannbele kiAvint aneoverthappiory grnge;

f ining the subband signal _havi - ciated therewith
Thaehaniel AUMBAPOR Shd PorEtafii i SACAGREEERL SObbARGSEGnaE Havi ng

associ atefitvhecewrhb 20ptbreshannsh eﬁﬁb%%k%'§1%%ed%ﬁﬁkﬁkﬁ_iEMY“JEHthe
subband si%naL and the adj acent subband signal have aliasifg gen- "erating

~signal t¥p REAPE PHChhéSoverdidpi oy faffehaving electronically read-

able control signals, which can cooperate with a programmable

computer system so that the inventive method is carried out.
15 Generally, the present invention, therefore, is a computer
program product having a program code stored on a machine-
readable carrier, for performing the inventive method, when
the computer-program product runs on a computer. In other
words, the invention is, therefore, also a computer program
20 having a program code for performing the inventive method,

when the computer program runs on a computer.




means (84) for calculating a first gain adjustnent value 25 and a de§opgly 2005
gai n adjustnent value for the subband %gnal and t he adj acent subband }
signal in response to a positive resu of the means for exam ning,

wherein the means for calculating is operative to determne the first gain
ad- justnent value and the second gamamsl ust nent val ue de- 30 pendent on
each other; and neans (86) for gain™adjusting the subband signal and the

adj acent subband signal using the first and the second gain adjusting

val ues or foppgHFRULLI i a h 4 15 JUN 2Q05 second gain
adj ust ment vaFges.fo$ F%grlgﬁéséstlg%énl o?gg%cl)(rapéi nagq%uzs.l%n}fﬁ%ar% u§ isr%‘ﬁlaclo'r dance
with claimiSopprppies:the means 5 (82) for examining is operative to
cal cul ate signs of subband signals based on coefficients of prediction
poly- nom als for the subband signal and the adjacent subband signal (100,

102), and toméadscase) ( ¥4) prposditides r81usyl § +Waen ig ave a
predetermned rel ationship to 10 ‘:Leag\(;ha o?hlélr. 3. yApparsg{E)%g?lldn%ZL c6rddnce
with claim2® iSaREt¢h shenabadvirgp) asepcesbeilnitigg ieyiaper at ictarine 1appl v
an auto- corxeghigtion & a_c@-variance nethod. 15 4. paratus in
accordance wi th cl ai mgg&g(?gg?{l?na CHUEREY FPBEFCCPERTH6 ?%ﬁ%l Sd-a | ow
order pol ynommad hagnad, athei rssibhemders el f | 6-epinavhgg ekpohhg onger of

t hg ol ow or- js smaller than 4 and in which the neans 20 for

90 O der nolynomial :
exam ni ng (&‘%l El& EFatiYEL R b tHeanrnekt novder kodfy i ehesnafgsis
cal cul ati ng fimecSHENSK Ofad sybhand, sk 9;, nal 84, Apparat us i n.accaqrdance
with claims 2, 3 or 4, in iChB Y agnel %%l%ers, whereiln
the channel filter having the channel number k has a
channel response which is overlapped with a channel re-
sponse of an adjacent channel filter having a channel

15 number k-1 in an overlapping range;

means (82) for examining the subband signal having asso-
ciated therewith the channel number k and for examnining
an adjacent subband signal having associated therewith
20 the channel number k-1 to determine, whether the subband
signal and the adjacent subband signal have aliasing gen-

erating signal components in the overlapping range;

means (84) for calculating a first gain adjustment value
25 and a second gain adjustment value for the subband signal
and the adjacent subband signal in response to a positive
result of the means for examining, wherein the means for
calculating is operative to determine the first gain ad-
justment value and the second gain adjustment value de-

30 pendent on each other; and

means (86) for gain adjusting the subband signal and the
adjacent subband signal using the first and the second

gain adjusting values or for outputting the first and the




25 the nmeans (82) for examining is operative to calculate the sign for a
subband signal based on the follow ng ,gquation: sign (k) 30 , O<k< X 2)iNi 2005
a, <0 if a,>>-0 wherein k is the channel nunber, and alis the first-order
coefficient. 15 JUN 2005 25 6. Apparatus in accordance with one of clains 2
to 5, in whbehohtle guiedeid)wd tesht elvativershidgy i srdgkinnedi sHCht hato -1 he
subband si gnal having associated therewith the chan- nel nunber k has a

first sign and9t he adj acent subband 5 signal having associated therewith

t he channel nunmber k-1 has a second sign, which is opposite to the first
sign. 7, Apparatus in accordance with claim6, in which the first signis
negative; antPPaEatesond sicgerdengesiwitre. clil. 1 Appar ahushi rhaceeidance

wth claiml,gi j.ch .means . (82) for .examining _is operative to
perform a toﬁ%%paﬁg*i-egggl OrSt e s §8§ﬁ&l§?gn5? &id H&E C&dj 8EeRE Ubband
sig- nal forsdebendi aiggabstbaskdCorPRBRFFihaWRG & %dﬂéﬁio}ﬁ#ﬁqﬁur e

. ; e

above a tonality hreshol d. 9. Apparatus in accordancé wth clali - in
whi ch the medr® a#%zfof?orth&(a‘fﬁl?#@@di sigpedatane thedetdrmient, swhidtsher t he

tonal conponengnds icobhe 1@ver | appi ng.r f. ch | k _20.and channel
k-1. 10. Appa?%tus n accorggﬁce Wit Ooggggf%Fﬁé gﬁg ed?nﬁoéﬁgFﬁﬁ,rqiwther
conpri si ng nEahs fohemrove dshgna hiawst ar gfredencemispectiedls tavweihape vwl ue

fo&othe SUbQﬁﬂﬂaﬁhgﬁ%L and a sec

3. Apparatus in accordance with claim 2, in which the means
(82) for examining is operative to apply an auto-
| correlation method or a co-variance method.

i5

4. Apparatus in accordance with claim 2 or 3, in which the

prediction polynomial is a low order polynomial having a

first order coefficient, wherein the order of the low or-

der polynomial is smaller than 4 and in which the means

20 for examining (82) is operative to use the first order

coefficient for calculating the signs of the subband sig-

nals.

{ 5. Apparatus in accordance with claims 2, 3, or 4, in which
25 the means (82) for examining is operative to calculate
the sign for a subband signal based on the following

equation:

-1 0
sign(k)=( ).m va< LO<k<M, (2)
(-1) if @20

30

wherein k is the channel number, and a;is the first-order

coefficient.




25 and reference spectral envel ope value for the adjacent subbafdj SJW%%
(110), in which the neans (82) for calegulating is operative to determne
(112) a first energy neasure indicating a sig 30 nal energy of the subband
signal apd a second energy neasure indicating a signal energy of the

adj acent® sub-RRATR iynah, samb2Burbel lwith bhe 16£1%1alinl JANLB005 | ?151\’\'hi ch

the means (82),:f 4 ean‘irnécgeg:is further_opera- tive to calculate (11 t he
first and the second gain ao-CjUStTentedal tershbiReds ofiefingdeanckonbanat i on

of the firstthreefsulsrael speghs al hg@iﬁbo%s\@i%%eﬂthﬁﬁﬁefj%on&e reference
spectral envel ape value or a linear conbination of the T1Trst ener @n

neasure or tHE s enkr g2 smeas dias tApplgmat asdi rthac cad fanee: Wstilhene Of
the precedi NG i¢i@i1Mavil j t ns_(84), for calculating is operative
to calculate the fi ras‘ftlngn%yt“cﬁ;rebls%geon gai 14 'u@?‘?re?ai]ila’i}%?%e%um%%h that
they differ By éssechad aipnedeherh nedopbbikeskokd thearfgrgquggghg each

ot her. Apparatus in accordance with claim11l, in which the pre- determ ned
threshold is lower than or equal to 6 dB. Apparatus in accordance with one

of the precedbpgrakasnin Fdddhen&ONPIiS pans f.or providing an
unmodi fied first gain adjust ment val lie 1?0?9?}{@ gﬂbﬁgln lic\gglna hegn‘gllé%t 20
unnmodi fi ed s&8Rd*§aPAJIasd;ust nentd ¢hkueetondt hegadjiacestitswbband signal,

andio

8. Apparatus in accordance with claim 1, in which the means
(82) for examining is operative to perform a tonal analy-
sis for the subband signal and the adjacent subband sig—
nal for determining a tonal component having a tonality

15 measure above a tonality threshold.

9. Apparatus in accordance with claim 8, in which the means
(82) for examining is Operative to determine, whether the

tonal component is in the overlapping range of channel %k
20 and channel k-1.

10. BApparatus in accordance with one of the preceding claims,
further comprising means for providing a first reference
spectral envelope value for the subband signal and a sec-

25 ond reference spectral envelope value for the adjacent

subband signal (110},

in which the means (82) for calculating is operative to
determine (112) a first energy measure indicating a sig-
30 nal energy of the subband signal and a second energy
measure indicating a signal energy of the adjacent sub-

band signal, and




in which the neans (84) for calculating is operative to calcula%e t he
first and the second gai n adj ust nent v?%ues 25 so that both are IaggéUNtﬂEB
or equal to a |ower value of the first and the second unnodified gain

adj ustment val - ues and snaller or equal to a higher value of the first

and the second winiodi filed gaknsadjaest nest éﬁbﬂ@ﬁingoj}ﬂnf£@@ﬂﬁ@t e 8-
accordance wi th claim 13, in which the un- nodified first gain adjustnent

val ue and t h&'Jfnd@ FRdduledeord 1ddi sy Tiststerand athe seeonddiziniad-for a

spec- tral eRuekepatofvan,0Li ginaly signal ip; e cy. _hand, 27 15 JUN
2005 wherein the frequency band is to egregﬁﬁ%%%ug#%@uﬁvﬁﬁlﬂgpggtr%.eband
replication. f35stAprRitetarscd nspecorddncenwe l dponeadfuet hen@r ecedi sy-shai ns,

5 fuwther co LSi a_synthesis filterbank (90) for_ fil tering the gain
adj hgst ed subggﬁﬁl%gﬁgﬁals?g? rSEt S0 S4 O8Fn Valiissi Fe B ol PRAT sTYHAInatin

Appar at us i noacchedaneetwehBrpemehsthpe Brecgdi Bg LAl ABer 0m%§sﬁ@é9h.the
analysis filterbank is a real valued filter- bank, and In ich the

synthesis filterbank is a real valued fil- terbank. 15 17. Apparatus in

accordamge Wy apy,ene,o0 i 5 _1in i,ch the anal ysis ,
filterbank isbgaconﬁleg?véfgégagﬁf% FgF anﬁeaﬂﬁyﬁqﬁv@ﬁ%ﬁF‘HE¥§§HFHE§1S
filterbank isnawhégh- tted ueeafis| ti@nbarfor 260a18ul Appag atiys Jdperaggekdanse

Wi t;h, one of preced| Laims, in which the neans (84) for cal cul ating
is]gberativeéggcu£3f%u#gge%Fﬁ§tfPPgtt@% P SENEs tFit YRRt weeond

gai n adj ust nent¢hvatkigr bagsied, ongapravergge eOL 9Vl the Lredetermined

threshold or are equal to each other.

12. Apparatus in accordance with claim 11, in which the pre-

15 determined threshold is lower than or equal to 6 dB.

13. Apparatus in accordance with one of the preceding claims,
further comprising means for providing an unmodified
first gain adjustment value for the subband signal and-an

20 unmodified second gain adjustment value for the adjacent

subband signal, and

in which the means (84) for calculating is operative to
calculate the first and the second gain adjustment values
25 S0 that both are larger than or equal to a lower value of
the first and the second unmodified gain adjustment val-
ues and smaller or egqual to a higher value of the first

and the second unmodified gain adjustment values.

30 14, Apparatus in accordance with claim 13, in which the un-
modified first gain adjustment value and the unmodified
second gain adjustment value are indicative for a spec-

tral envelope of an original signal in a frequency band,




25. subband signal and the adjacent subband signal. 19. A method of spe tral
envel ope adjustment of a signal, conpkhsing: 30 providing (80) a E) Ntsz}ﬁﬁ
of subband signals, a subband signal having associated therewith a channel
nunber k in- dicating the frequency range covered by the subband sig- nal,
the subband $itgdirortitgi fatdqgrfayomamdhiannel ¥d | tefond@nidied ke ghannel

nunber k in al ysi.s filterbank 35 having a plurality of channel
filters, V\he%g)lennct ‘%L (H?é’r‘# FEPIZ CAINCI005 nel filter having the channel

nunber k has a channel re- sponse which is overlapped with a channel
response of an adjacent channel filter having a channel nunber k-i in an
over | appitg FERFEE B Se ianiasiceg degZe whidhs ehitsaref dilgnalrehmding adsdeisat ed
thergw t h t hg gGhapnel I nd, fQr exam ni n adj a-..cent sybband

si gnal havi ng associ é:tog%ﬁ%elp w%t%ytn%gegﬁfnfﬁ‘}er{l%%?ﬁ%r(%@)l 1{2’5 &:éTble‘rm' ne,
whet her the $ghibiavd tiegmalinl @dgne tekie sadhibacents ighand osichalinhave,al-i asi ng
generati ng gih%nal corr@gnents .in the overlapping range; calculating (84) a
first gain adj SefEt CPAPYE &A@7&lsec- ond gai n adjustnent value for the

subband signal and the 15 adjacent subband signal in response to a positive

result ,of the means for exam ning, wherein the means for calcu- lating is
oper at i V& 't 0" HBEEAN fe IhE8CFPFSRNGS Wikd @se- ofeihey Biresedinat hdasmsond

gai 10 adj ust neat wrhakue tdepgndent ; s0R18ag er;. an i djcusting (86)
t he subband signal and the adjqaégnt * su%ﬁgtr? é}isg%a?eégi %%lpﬁg %*FilriéFrand t he
second gain Eénkjruélﬂiing val ues or outputting the first and the second

in which the synthesis filterbank is a real valued fil-
terbank.
15
17. Apparatus in accordance with any one of claims 1 to 15,
in which the analysis filterbank is a complex-valued fil-
terbank, and in which the synthesis filterbank is a real-

valued filterbank.
20

18. Apparatus in accordance with one of the preceding claims,
in which the means (84) for calculating is operative to
calculate the first gain adjustment value and the second
gain adjustment value based on an average energy of the

25 subband signal and the adjacent subband signal.

19. A method of spectral envelope adjustment of a signal,

comprising:

30 providing (80) a plurality of subband signals, a subband
signal having associated therewith a channel number k in-
dicating the frequency range covered by the subband sig-
nal, the subband signal originating from a channel filter
having the channel number k in an analysis filterbank

35 having a plurality of channel filters, wherein the chan-



gai n adj ustment values for transm ssion or storing. 25 20. Corrpu_t-pﬁ Qg@géﬁ?
having a program code for perfornmng tfig nethod in accordance wit Féi
19, when the conputer programruns on a conputer. 30

nel filter having the channel number k has a channel re-
sponse which is overlapped with a channel response of an
adjacent channel filter having a channel number k-1 in an

overlapping range;

examining (82) the subband signal having associated
therewith the channel number k and for examining an adja-
cent subband signal having associated therewith the chan-
nel number k-1 to determine, whether the subband signal
10 and the adjacent subband signal have aliasing generating

signal components in the overlapping range;

calculating (84) a first gain adjustment value and a sec—
ond gain adjustment value for the subband signal and the
15 adjacent subband signal in response to a positive result
of the means for examining, wherein the means for calcu-
lating is operative to determine the first gain adjust-
‘ment value and the second gain adjustment value dependent
on each other; and
20
gain adjusting (86) the subband signal and the adjacent
subband signal using the first and the second gain ad-
justing values or outputting the first and the second
. gain adjustment values for transmission or storing.
25
20. Computer program having a program code for performing the
method in accordance with claim 19, when the computer

program runs on a computer.

30




