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spect r al p@ameise ResefRdi 41l gj'i(gm; rights whatsdevérver, there are applications for
whi ch t he phases of the val ues nmust be nodified (either instead of or

in addition to the magnitude val ues). The best known of these is :
frequency-domain tine-scaling, in which the signal is stretched or shrunken
intime while still preserving its original pitch. Since the 10

underlying goal is to change the rate at which the signal's spectrum
evolves in tinme, it is reasonable to acconplish this by taking a sequence
of Wverl appi ng wi ndowed DFTs and

BACKGROUND OF THE INVENTION

In one embodiment, the present invention relates to methods and apparatus

for modifying a digitized acoustic signal by means of systematic manipulation of the
signal’s discrete short-time Fourier transform.

20 It is well established that a discrete signal x(n) can be perfectly
reconstructed from a sequence X (k,m) of its windowed Discrete Fourier Transforms
(DFTs) by applying an inverse Discrete Fourier Transform to each DFT and then

properly weighting and overlap-adding the sequence of inverse DFTs
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spacing them cl oser together (or further apart) during analysis than during
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coul d be obtained by nodifying the Portnoff-style accunul aied phase in each
20 Signal Proc., pp. 374-390, vol. ASSP-29, No. 3 (1981), the contents of which are herein

_incorporated by reference for all purposes. This method produces good-sounding results

when applied to speech or music, but it often introduces undesirable timbral alterations as
well. To achieve the good-sounding results, the Portnoff technique requires that the
synthesis transforms be overlapped so that L no greater than 25% of N.

25 The reason for the timbral alterations is that Portnoff’s algorithm

| accumulates phase for the DFT value at frequency k without regard for the phases of

DFT values at frequency k-1 or k+1. Since phase accumulates independently in each
frequency channel from the beginning of time, the phase relationships "within" each
successive DFT gradually cease to be preserved in the modified DFTs.

30 Several solutions to this problem have been suggested in the literature.
Sylvestre and Kabal proposed a scheme in which the signal is first partitioned into a set
of contiguous signal-segments; Portnoff—st)"le time-scaling is then applied to each signal-

segment, with provisions for making the modified segments phase-continuous. See B.
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frequengy-domain ti.e-scali confront the 25 phase- nodi fi cati on probl em
in one_%gmirﬁsg%&y%s:‘séda%?“{]g@}f{&i ‘preserve the underlying DFT _
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segnentati on or frequency-cﬁ;énm n averaging to mnimze the decorrelation of
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approaches to nodi fying DFT pha al ues tirme-scaling an
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The present invention provides a systemand nethod for
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greater computational efficiency.
Various other proposed solutions to the phase-modification problem
20 present more radical departures from Portnoff’s original framework, computing new
. phases, based either on iterative analysis-synthesis algorithms of on fitting each DFT to
an explicit sinusoidal model. They make different fundamental assumptions and demand
significantly more computation.
Thus, known approaches to frequency-domain time-scaling confront the
25  phase-modification problem in one of two ways: Either they (1) preserve the underlying
DFT analysis-synthesis structure of Portnoff and introduce simple time-domain
segmentation or frequency-domain averaging to minimize the decorrelation of phase
between original DFTs and modified DFTs, or they (2) abandon the Portnoff framework
and compute new phases based either on iterative analysis-synthesis algorithms or on
30 fitting each DFT to an explicit sinusoidal model.
There exists a need for computationally efficient approaches to modifying

DFT phase values both in time-scaling and in frequency-warping applications. In



10 over | appi ng w ndowed, DFT representations in which either: (1) the
anal 'ﬁnbgsqnsforms overlap in tinme by a different ampgiiusbtygespis he -
synthesis transforns, or (2) the nodifjcation involves a re-nappi ng of
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embodi gip Wreddlving a natural sound of a sound signal after signal processing, including steps

20 of registering a sequence of DFT representations that represent the sound signal,
_identifying significant peaks in DFT representations of the sequence, partitioning at least
one DFT representation of the sequence into a set of contiguous frequency regions, such
that each contiguous frequency region includes a single significant peak identified in the
identifying step, computing a desired phase modification for 2 particular significant

25 ~ peak, and adjusting phases of other channels within a particular contiguous frequency
region containing the particular significant peak so as to preserve original phase
relationships across channels within the particular contiguous frequency region.

A further understanding of the nature and advantages of the inventions

herein may be realized by reference to the remaining portions of the specification and the

J0 attached drawings.



the present invention. Fig. 5 depicts phase values wthin a particul ar
contw‘,grequency regi on wherei n phase of a signifi eaptusppdoihas been
“modi T I'n accordance with one enbodi nent of the present invention. 15
Fig. 6 depicts phase values within a particular contiguous frequency

regi ons wherein phasesghs ngm r R ori gi nal

rel ati onshi p anong the ?‘?%gu%%% es %WW%@PFI C EMBODI MENTS 20
Fig. 1 depicts a Biggriadepicts acsignal progestiam syfiens suitzble €orf implemphttmgtitei ng t he
present invention. In one enbodi ment, signal processing system 100 captures

sound praspatdveRtiohesses the sound sarrpl es in the time and/or frequency

domai n, and pl ay I on
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with
digita anal o onverter Coan n-Specitic In egrated
ci rcui pné Ambolimari, ofathdipgedent uwg;gﬁejx processor 120, a di sk controller 122,
a hard disk drive_124, and a flop drive 126. In operation, A-D

converter 114 corkigr fedepiets @ga%‘:ozﬁ:lae%wghm 2 pagiculay contigyaws, frequency gegion
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PCT/ US97/ 20010 6 disk drive 124 under the direction of disk controller 122.

A user may requestigpardepiais ahassi yrlues withines priigulgscqoatisyauLraAREISH reBiAN s et

or oc osSBRreln phg b2, SR b Becnd SuHndila ARERTBH AR 0% nver

t hem bggabodignend @f abe p}ésenprmgn@m control information for host 5
processor 102 and _DSP 120 is operably djsposed in RAM 104. Long term

d8orage of cont r dfigi Rrdapifgs pbaﬁerf@}u%ewnhmmrmelarmnagngusafrpwnﬂ4 or on a

| nt o M WSkt Bt Hale bR nRRHGLN BEsdsR artotibingl AR iraBons ;|
pr ef er gyl enbieyHz TM5320C32 avail able from Texas |nstrunments. Host
processor 102 is preferably a 68030 m croprocessor avail abl e

DESCRIPTION OF SPECIFIC EMBODIMENTS
20 Fig. 1 depicts a signal processing system 100 suitable for implementing the
_ present invention. In one embodiment, signal processing system 100 captures sound
samples, processes the sound samples in the time and/or frequency domain, and plays out
the processed sound samples. The present invention is, however, not limited to
processing of sound samples but also may find application in processing, e.g., video
25 ’ signals, remote sensing data, geophysical data, etc. Signal processing system 100
includes a host processor 102, RAM 104, ROM 106, an interface controller 108, a
display 110, a set of buttons 112, an analog-to-digital (A-D) converter 114, a digital-to-
analog (D-A) converter 116, an application-specific integrated circuit (ASIC) 118, a
digital signal processor 120, a disk controller 122, a hard disk drive 124, and a floppy
30 drive 126.
In operation, A-D converter 114 converts analog sound signals to digital
samples. Signal processing operations on the sound samples may be performed by host

processor 102 or digital signal processor 120. Sound samples may be stored on hard



10 from Motorola. For certain applications, signal processing syst em 100,
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w th one enbodinent of the present invention. 5 Fig. 2 assunmes that a
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t echni dueersesDEato thasequange wé wisdowed DRI represgntatioss. s The\DIBE ferseaghgh as 50%
of< N, rather than %as in the prior art, thus saving conputation. Since
tilse L exsu%bZ%nf%?yanal ysis is proportional to the L value used for
synthesis, analysis conputation tine is also saved. At step 204, signal
processi ng system 100 identifieg the significant peak2:# r}g':]he magni t ude

spectrum of each DF)'J('(ke%)esg_ntX':onx('I"{}i swpea’%fen)dogé"ﬁ\ y one of
X = -

n=-oo

where L is the spacing between frames, k is the frequency channel within a particular
DFT, and m identifies the frame within the series. W(mL-N) is any window function as

known to those of skill in the art. The resynthesized time domain signal is obtained by:

2n

o n-1 2%
0 i =Y Woln) Y Xmye V.
. k=0

m=—oo

One such application is time scaling where the spacing, L, between the
frames is changed for the synthesis step so that the resynthesized time domain signal is
compressed or expanded as compared to the original time domain signal. Other
applications involve changing the frequency positions of individual DFT channels prior to

25 synthesis. The present invention provides a system and method for modifying phases in
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5 ° .a nunber of ways. In one enbodi nent, |ocal magnitude nmaxi ma nore than
two gpgngedesr avay fromany greater |ocal maxine are comgresvedosogni ficant.
At step 206, signal processing system 100 di vides each magnitude spectrum
i nto contiguous frequency regions. Each conti guous frequency region
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DFT represent ation prior to st . val ue 402 corresponds t0 5 t he

si gni fin tenmagritidesipectum afesgtlo DF'IFi‘QJJICSIl@homs Thie mayaba-dong ineany one ohe sane

region after step 2 VaI h new val.u di ng
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0 one embodiment, the channel midway between two significant peaks becomes the border

between the corresponding contiguous frequency regions.

Fig. 3 depicts identification of significant peaks within a DFT spectrum
and division of the DFT spectrum into contiguous frequency regions in accordance with
one embodiment of the present invention. A spectrum 300 represents the magnitude

'5 component of one of the DFT representations of the sequence. Peaks 302 have been
' identified as significant peaks. Spectrum 300 has been divided into contiguous frequency
regions separated by borders 304.

Step 208 is an optional step of directly manipulating magnitude values

within the sequence of DFT representations and/or remapping frequencies. At step
0 210, signal processing system 100 computes a desired DFT phase modification but
preferably only for each significant peak in each DFT representation rather than for

every channel. For the time scaling application, this DFT phase modification is
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the significant peak. This preserves the linear differences anong the
phasago ofheis1 6 shows the phase val ues additively shift egi/osoaoels -t he
change in phase value for the 15 pgrceptual |y significant peak. Once the
phase val ues have been nodified in thtfs way, at step 214 the tinme domain

si gnal _i ' | | Qv - each T.

repre (5%? rg@ ﬁﬁ%&?ﬂﬁﬁé@ggﬁ%%‘éﬂgﬁléﬁg FX/%?Z@B%#&% nd %@I’pra%&i ng
the sgqkance dik,miyknelerdFRdds totimel ootnpiestionnar agpinsivatfagds, the spacing L
is adjusted to provide the 20 desired tinme conpression or expansion.

Source code wri thi®n? SRowh therphass yahigs fovr 10sharpelwidsFoatiswstiseqyenshe

present..i Q6L S hael LD, . | X% ~oNC ] frer
Com: FeRoDEF 2 pafiutch, DET WO Seh il BriP 0 Heb age: " Volie 204 Bribonfiieh <
the sdhe signifioain psak lof this regiohheFig Mb3R0S Zhél pHadedalGesHfod thd sane n 25
In the foregai g qecifi ation, the invention has been described wth

r ef er 8feesteR 24 ec\?‘#V%4@§%Fmeé%@(ﬂ%H{il@etmr%?éﬂf.d%to thePgstoeff si gnal

proce W Eggnﬂ}é) | t rd conputer system It

wil | ,? owev?rﬁ,%{ e evpgen% o?%ﬁ%&f?@%@ﬂm@%k%ﬁée‘gnd changes may be

made thereunt o \ittstepu?12]esigudl ipageebsingnsystembIODaehpsas Hiéreﬁﬁﬁhiﬁ%@ﬁ@seOf the

I nvention as set faqrth ifn t he appended_cl ai ns and 30 their full scope of

equi vXpluet I eashEeRNIgRRYS Ispquency regiensy s hese aye determined so as to pregsEvedeE7/ 20010

MpAT ﬁhﬂf&ﬁ LiSin Bet t f | ﬂg : | f a

soundbl?ana a@tner psl% g‘ﬁgﬁn éhﬁ%p‘}rag%g’sg%sr?g Eq@%%r | il%gtﬂgg’%& va?t?é"&dth%

r egi ssignifivgntspeakquinnore erhbddihens the phadeatalnsssare siviaplyeshifted by adding cround

signal; 4 . i dentifying, significant peaks in DFT .

r epr e SUYEAGHRS the %?F“e_sa‘i“&b%’e k@8 adged to Or subtracted tropathe phasaivaljeafor | east

one Dk sighfiesfPedk! AhiPpreséivds ﬁéﬁﬁéﬁ?diff@kﬁc% ﬁﬁblé%ihe%hasgsq ni:igg us

frequency regions, such that each contiguous Trequenhcy Teglon Includes a

si ngl shows theiphase values adsitikely dbiftedftoadatch tisnchiargdentphhye wgus fapthand a
urality of.channels, one of which 8 contains said single significant

lgeak W?#@‘H&Y F‘é&ﬁﬁﬁ%@e hannel s defining a subset, said subset 9 and

sai d single si 90dct GOphReValiAHaIE HREANRRIASP BF AL Rly! BCUENDIN thel O

conputing a desjred phase nodification for said singl g Sl g | cant peak of

one ofimgxomaimpignsleis resynthesizedunuepplyiagubn iyversegDEIsto eehiDFHg a sel ect ed

g:?g’ Be%ggg tsi%rll cljn (t:hgnﬁqa%c&san%ﬂ:r%%gr'l}r) %gé]hahsnegsaxg mt/e%apiltjcpdsfgt thaessséccl)&én%g% with

inverse DFTs. For time scaling applications, the spacing L is adjusted to provide the

20 desired time compression or expansion.
. Source code written in the C language for implementing elements of the
present invention is included in the appendix included herewith. After compilation and
linking using software available from Texas Instruments, the source code will run on the
TMS320C32 digital signal processor.

25 In the foregoing specification, the invention has been described with

" reference to specific exemplary embodiments thereof. For example, signal processing

system 100 may be implemented as a standard computer system. It will, however, be
evident that various modifications and changes may be made thereunto without departing
from the broader spirit and scope of the invention as set forth in the appended claims and

30 their full scope of equivalents.
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-claim

_ This Sheet Has Been Replaced
13 frequency re ue equal to said desired phase nodification
to W@?ﬁ?dﬁﬁl said sound 1 BCT/Us97iieeronet hod of
urther conprising nodifying agmagni tude of said 2 sel ect ed peak.
prior 'to said conputing said deS|red phase nodification. 1
3. Bm | further conprising nodifying a frequency of
said 2 sel ected peak, prior to said conputing said desired phase
nodi fication. 1 The met hod of claim| wherein said

4.
j gnal processing conpgi [ r,?&gé ¢
iOrrprl si ng convegtl ng éa{?gﬁggcﬁﬁﬁce 0 fﬁr e:g)r/ggg{nc?g{ ?gg?%a%qck to a time

dpnai rsignad paboessingg icomiprising maampsg)foet ween sai d DFT representati ons to
achi eve 4 said tine scaling The -met ho dcI aimi4

wherei n said conpeBiSEENE A EF‘I!I‘EB?‘? %Dﬁag“é’@s%qﬂ?dﬂ%ﬁ ISRISER I éQ““
rrputg@g‘ﬂ.a new phase [ERR] (k,m for said selected peak to be [err](k, m
}f.) I [err](k.m) - [err](k.m 1)] wherein k is a channel nunber of
sy d sel ected peddenifging isipmifi¢aint psaktshin DFT fdpfeseatations of shidosequende; n sai d
sequence in which sajid_ selected peak is found. 10 1 P
The nethod of cl FRFHtioniRe AkledskensyDEd Jep:esyltaaawi said jequenGeniaeq aset o

A0 RnpgboRyRERYery iepldhl, SRALR) e omiiRRE saneey o @' One o

ABS' gnddglesRaRfeim eaksaammrufmmmntwylﬁgewve a natural sound of a 2
sound S|gnal after signal processing, conprjsing

i ocessi ng unit; cAm@Puling a desired phase mOdlﬁcamﬂafOFr@rmCNér significRng Peals
npl e representing a sound signal; 5 said nenory
ori n’z‘ code for perform ng steps of: 6
IEBgistering a Seqdﬁﬂﬁﬁg phasds ofr @héreciinnelsi withint 4 particepirecvatigusus flequency
sound si gnal ; i denti fying, significant peaks
15 DF'FCS’@Br"é%’@#‘% i particylarsignificant peak so as to preserve %@@rm’ése 10
rtit 1to a 11
BEL " orrelonthifh akRRF chafifls Windf BA RGN Pl R HaRBHENERIOR C By 12

region includes a single slgnlflcant peak |dent|f|ed in said identifying
step 13 nd a plurality of channels, wth sald single
sk gni fi cant peakZ2bei né[‘hmmethod of claim 1 further compsisigca atepPfmedifpng f sai d

?e]l‘Jlr ﬁ:%@é@ﬁ%@%ﬁnﬁgkﬁé ﬁaw r‘ﬁh%’n t aslgc“ic’a pudmlghé?%vm th; channel s

1 3. The method of claim 1 further comprising a step of modifying a
frequency of said particular significant peak, prior to said computing step.

4. The method of claim 1 wherein said signal processing comprises
time scaling by a factor «, and further comprising the step of:
_ converting said sequence of DFT representations back to a time domain
' signal, specifying a spacing between said DFT representations to achieve said time
scaling.

W & W N

5. The method of claim 4 wherein said computing step comprises:

computing a new phase $(k,m) for said particular significant peak to be
¢(k,m-1) + a [ ¢(k,m) - ¢(k,m-1)] wherein k is a channel number of said particular
significant peak and m identifies the DFT representation within said sequence in which

D B W RN e

said particular significant peak is found.
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This Sheet Has Been Replaced

s v‘“umul\mu |‘ “ conputing a desired phase nodification for-

sai Gygiofiyddse1 Si gni peakPQT/USHH20810 sai'd set of
contiguous frequency regions; and 18 10 adj usti ng
phases of said sybset,of channel.s, asspci.ated w th.said one : ae
ol said contiguog's fréﬁﬁéﬁ‘%ﬁé’&%@ yhgr%ls&nélt%c%%ngtsge%g%rgplagg”ed phase
justing said"pHades GeAtHiR $atdOpdti joils TRdquendy fegivifby 1
i23£ A conputera%lrl%%nrgasrf?g?g Sgﬁﬁpﬁ%presﬁgﬁ%ﬁg?%ogr alﬂiqsqur?dfdgf a };ound
23 siliyeatlyashifting sagnaf said ghasssi byyan amiounpthat acphase of saidisignifieant peak
code for_registering a sequence of DFT representations that represent said
shund shifteds; gnal; 5 code for identifying significant peaks
in DFT representations of said sequence; 6 " code for
partitioning at | east one DFT representation of said sequence into a set of
71 contiguous f7equedcsignalgrooessing syistenh aonfégurhd ¢o présgrveud natueaj senny
region Jncludes a,si nlgl £ NDED. SHEET . .8 significant peak identified in
shi d iafeniqund; Signal after signal PIacessing, COMPTisi&innel s, with said single 9
s4gni ficant peak, hehRds i d with one of said plurality of channels
aér’\d t he remai ni nagtﬂlo sx@%?ﬁ\lgé?@&defi ning a subset of channels having phases
agsoci at ed t her eaimdmoryiholding digital samplescregresénting: aispund signal; desi red phase

nmpdi fication for said si ngle.sig&&f'cant cEeak of 12 one of said set of
cdnti guous f r equidid \MISTRORY HRring; zede, fof pesfargying sieps Qfak: 13

o Ry usting phﬁe}gslfted:ig%ggsgl[(ﬁ’égifééc anneléﬁr&&i&ﬁ&ﬁ%w& peseACspid

nodi fication, of 14 s" assocl ated w th said one of
sai d oothd gignaly frequency regions so as to 15 preserve said natural

sound; and 16 ) .~. & copputer-readabl e storage nmediumfor storing
the codes. 1 identifying, _sxgmfggﬁgpsq.lgdg ?EfreHe&F wons @ W@ conpri si ng
de f i fying a magni tude 2 of said selected peak, prior to
uchigf] ' Y1 ;
operati1on of said conmputing code. 1 10. The product of

thai m 8 further conpr pattitigningdat least one MFTi representation efeaidseglencs mto a

el ected peak, priar to operation of said,conputing.code. 1 . .

1% sehaf Boniigubhs Seabenayiresionto nanhabpFhoaREROT SERLSEY JeBigRIRFLdEs ¢ i me

s Gk iflcdm Pelk identitied ih Whidhiae g 3 code

2or c%ﬁg\}% tgis%lsai d seqtljer?ce of1 %I%l'l'.- re?)‘?igs n%tg Tons back to a tinme domain 4

83 gnal, specifying a spuputing &eesieshphasednafificatiqn foremparticulas significant eve
idtinme scaling. 1 12. The product of claim 11l wherein

ai d CP&H%UW g code conprises: 2 code for computing a new

ase [err] (k.m for ' :
F‘?er ri(k,m - [err] (k?ﬁ?k%ﬁsﬁﬁmﬁgé gflgﬂfi:e?:&gﬁxgxéﬁgﬁﬁgf L%ﬁb@r&o(?ngg?%ussel ect ed
peak drequencydeegionf ceraining said particular significant peak so as to preserve original

17 phase relationships across channels within said particular contiguous frequency region.

8. A computer program product for preserving a natural sound of a
~ sound signal after signal processing, said product comprising:
code for registering a sequence of DFT representations that represent said
sound signal;
code for identifying significant peaks in DFT representations of said
sequence;
code for partitioning at least one DFT representation of said sequence into

a set of contiguous frequency regions, such that each contiguous frequency region

W 00 N v v b WN -

includes a single significant peak identified in said identifying code;
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f oundw@ 98120481 product of claim8 wheicawsssaodoadj usti ng
step conpri ses: code fyr adjusting said phases within said
one of said pIuraIrty of contrguous 3 frequency regions by linearly
SE{) fting each of saté fohosmputinsadesitaliphdsermodifitatidn for a particular signifiéant

e systemof claim?7 further conprising nodifying a magnitude of said 2
skl ect epeal@ak. prior to said conputing. PCT/ US 97/ 20010 1

1@%1a phase val ue cg&é fgr %%Q&gfééﬁa?ggerewﬁ{eg %’%ﬂ@%{ IH ﬁ?\%ﬁ ‘gr ng&ﬁt%l

modi Mﬁlﬁc?% oamemmgtsﬁm/\pmcﬁﬁr (ﬂlgﬁlﬁcﬂ@ﬁeﬂe@o rabaﬁ @regetivd beiginabn. 1

i The systemof claim /7 wherein said signal processin nprises tine 2
sb4a| i ng:hgse aelationghips acressi chaninglscwithinf said p@mcayl#rfmnmue%g@pu@w rggion;
Cf vert sai d sequence of DFT representations back to a time donmain
%nal speci fying a spacing between said DFT representations to
féi eve sai d time aSehputer-rehdable storage medium ¥ér storibigethe kotiesn of cl aim 16
wher ein said conputing step conprises: 2 conputing a new
phase [err] K msaid selected peak to be [err](k,m 1) + a [err](k m 3 -

K. 1 wh [ f d |
it i1 6 the DEP-a | ThePrRufC 8 Him B ke SonbRisine GBCoF IndRRiRE o
se} ect gfapeitlde 6f $£0dpartichlar significant peak pﬁﬁr to opERtioN vf Gsﬁidoéorﬁp@ri dode.

Sheet Has B : : : :
4 DFT represent atro etil cn ngequence i n which said selected peak is

wherein said adjusting step conprises adj usting said

phases wi thin sai d part I cul ar conti guous frequency region by 3 linearly

s jfting each of ases .as i,at e rewith..1 e 19.
met hod of ol ai BREEPEOBAN B tuefief Sambrisihe.codf-for modifng

as; oci %&ﬂlénb? rdi‘%id’paﬁ'ﬁ@ulfab' rsié?r?ﬁca'nﬂﬁéé&@"p}ﬂ)ﬂ%%ﬁ&hﬂ'&t §ﬂkzﬂd Rlvasfutingl dédew t h

sal d desired phase 3 fication. . The product of

claim8 wherein said seI ect ed peak has a phase vaI ue 2 associ at ed

tjgﬁrewr th and furyher ’ﬂtel Ud:gHgt §PH8iA § WRHely & mgrp %%oecesﬁné'%o‘mp&ﬂﬁai d

ired 3 phase di f
time scaling by a factor «, and further comprising:

3 code for converting said sequence of DFT representations back to a time
4 domain signal, specifying a spacing bet“reen said DFT representations to achieve said

5 time scaling.

1 12.  The product of claim 11 wherein said computing code comprises:
2 code for computing a new phase $(k,m) for said particular significant peak
3 to be ¢é(k,m-1) + « [ ¢(k,m) - ¢(k,m-1)] wherein k is a channel number of said

4 particular significant peak and m identifies the DFT representation within said sequence
5 in which said particular significant peak is found. |

1 13.  The product of claim 8 wherein said adjusting step comprises:

2 code for adjusting said phases within said particular contiguous frequency
3 region by linearly shifting each of said phases by an amount that a phase of said

4 significant peak shifted.
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