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FI ELD OF THE | NVENTI ON The present invention relates
generally to electronic audio effects and in particular to musi cal
effeWi ft the timbre and/or pitch of audio sigpertasenezs

BACK HE | NVENTI ON 10 I n any periodic nusical note,
there is a fundanental freqgency that determines the particul ar pitch

of the note, asMBEYHODANDNAPPARATUSBORCHANGINGTHH TBMBRE' act er or
tinbre to the note. It | ANINORPITCH ORAUDIOSIGNALS of the harnonic
frequencies with the fundanmental frequency that make, for exanple, a
guitar and a violin playing the sane note sound different from one

angt her preilYs OFe'TAE INVENTION t he anplitude of the fundanental 15
frequency c onent to the applitudes of the harnmpnigcs cregted by an
i nstrunent o’F‘Pq/ W’rm H&&‘ﬁ % a

musi cal wt of audib si . saxophone the
spectral envel ope 'h? a note p ay by the Instrument expands and contracts
nore or less proportionally as the pitch of the note is shifted up or down.

El ectrw Wal effects that receive an:input note
and produce an note with a different pitch. Such effects are
oftilen used thwmm noe, i thezaris acfundamental frequency| thatcdetarmines (the For
musi cal oJ HEhikd R 3f the' Bofeds GRS niriErols hiifindtfics®whith privids 3iBateld or
timbre to the note. It is the particular combination of the harmonic frequencies with the
fundamental frequency that make, for example, a guitar and 2 violin playing the same note
sound different from one another. The relationship of the amplitude of the fundamental
15 frequency component to the amplitudes of the harmonics created by an instrument or voice,
is referred to as the spectral envelope. In a musical instrument such as a guitar, flute, or
saxophone, the spectral envelope of a note played by the instrument expands and contracts
more or less proportionally as the pitch of the note is shified up or down.
Electronic pitch shifters are musical effects that receive an input note and produce an -
20 output note with a different pitch. Such effects are often used to allow a single musician to
sound like several. For musical instruments, one can change the pitch of a note by sampling
and recording the sound from the instrument and playing back the sampled and recorded
sounds at a rate that is faster or slower than the rate at which the samples were recorded.
The output notes created by this technique sound fairly‘na'mml because the spectral envelope
25 of the pitch shifted sounds numxcshowthespectml envelope of the sounds producedbythc
instrument varies with pitch.
In contrast to notes produced by musical instruments, the spectral envelope of vocal
notes or sounds does not vary proportionally as the pitch of the vocal note varies. However,
the relative magnitudes of the individual frequencies that make up this spectral envelope may
30 change. Shifting the pitch of a vocal note by sampling a note as it is sung or spoken and
playing the samples back at a different speed, does not sound natural because the process
varies the shape of the spectral envelope in proportion to the amount of pitch shift. To shift
realistically the pitch of a vocal sound, a method is required for varying the fundamental
frequency while only slightly varying the overall shape of the spectral envelope.
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and recordi'g the sound fromthe instrunent and playi ng back the sanpled and

recorded - sounds_at a rate that is faster or slower than the rate at
_whlch the sanpl es were recorded. The output notes created by this
techni que sound fairly natural because the spectral envel ope 25 of the
pitch shifted sounds m mcs how the spectral envel ope of the sounds
produced by WB96/22592 i nstrument varies with pitch. PCT/CA96/00026|
contrast to notes produced by nusical insirunents, the spectral envel ope of
vocal notes or sounds does not vafy proportionally as the pitch of
the vocal note varies. However, the rel ative magni tudes of the

S s Ml PR e, ot O, B0 5 T S AR % e 5,1

or spoken aigdseribed in ouriprivy TULS. Pitént No115,231, mq&ea't *671 atiitey. The maheof gieRs

not sound natural because. the rocess vari es the shape of the
spectral enghiftingdeseribad igdhe N@’mmﬂmm K.TA Effigient
~realisticall pj,ah mw s;ﬂp{ga ,%va g Ng
t he fundarrenta s@hngue cy “wh e onI sI| dggirw{dng thebmrggil
shape of t hdNasfe£1989) (the,isnp method®). The madlsltﬂ“ymlﬂed

PCT/ CA96/ 00
“A-device th%&s‘lm fhtes““tq,i‘el pm%‘:h(a)?g%calms to Cr engftelyha-r rrbmeel‘senlg'r?'etrh‘e’gll'

time is beluadrtbl:hﬁtlmymltoﬂm\'rml nhtESby repilicating'portiéns 2 2, stored inpuesignad 71

has adapi ed T AT, B L5 e e A AR S ol 36, WRUP B

Shifting Di Wof shifting the phoh oflsocal fistepwobrks wWélls it pitchrshified nutes domof. sound

_ylogl t4ai ;929; ﬁt S Lens net ho%%‘p&gﬁ Lya%mat hOdﬂ?‘eel()\,%Pf&ﬁﬁﬁg}@g of a

envel ope. Brareddriedst at ed the Lent nethod

As described above, there are two .methods of glectronically shifting the pitch of a
"note. The first method, referred to as resampling, modifies the spectral envelope in
proportion to the amount of pitch shift. The second, Lent method more or less maintains the
15  spectral envelope regardiess of the amount of pitch shift. Neither of these two methods allow
the spéctral envelope 10 be varied in a controllable manner. Therefore, there is a need for
a method of altering the spectral envelope of a musical note that is not dependent on the pitch
of a note. With such a method, more realistic harmonies can be created. In addition, by
changing the timbre of the note with or without changing the output pitch, it is possibie to

20 = make one instrument sound like another, or one person’s voice sound like another.

SUMMARY OF THE INVENTION .
To shift the timbre of both vocal notes and notes produced by musical instruments,
the present invention uses a novel combination of pitch shifting by altering the sampling rate
25  of a signal and pitch shifting according to the Lent method. In the preferred embodiment,
the input signal is sampled at a first rate, and the resulting digital representation is stored in
. @ memory buffer. The stored digital input signal is then resampled at a second rate that is
determined by a user. The resampled input signal is then stored in a second memory buffer.
The pitch of the resampled input signal is then shifted by scaling the resampled input signal
30  with a window function at a rate equal to the fundamental frequency of the output note
desired. If it is desired to only shift the timbre of a note and not the pitch of a note, then
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can be used to shift the pitch of a vocal note by replicating portions of a
stored i nput signal at arate that is faster or slower than the.
Tundamentar 1requency inmpur noteWirte—this——  —rethod—of—shi-Hrg—the--
pitch of vocal notes works well, the pitch shifted notes do not sound 10
conpl etely natural, because the spectral envelope remains fixed as the

pi t chepo Gdakdre not es are varied. - ﬂ(}é#}ﬁ?ﬁl bed above,
there are two nethods of electronically shifting the pitc g

note. The first nmethod, referred to 3s resanpling, nodifies the spectral
envel ope in proportion to the anpbunt of pitch shift. The second,
Lent nethod nore or |ess maintains the 15 spectral envel ope regardl ess
of th%mummmmwm'ﬁwmm'ﬁmmmtwm: t he

;sgegtré e?Vﬁl % B E vaﬂ%ﬁg Wnﬁd{) EbJ el &a ner. he“}ﬁ@?éﬁé at her e

musi cagu nmhmtdsaiellls ifscrimiste pehen i rate at wieichdihi fEsampled mpﬂamts&led/\” h such
a met hoy m)re realistic, Barggd&; can be created. In addition, by
changi 3@%1 MWMFMH@“OM put pitch,

i§ is possnms%mab&mwmmkww one
. person's voi ce sound |i ke anot her

To sh|w1mﬁePMvahwf%mtmmm metcha pitch aeccived iop aMIDE o

|nstrtw}%§ of pitch
shifting a|ter|Hg the saﬁllng rate‘g@ ﬁﬁﬁ¥ a mgWshlftlng

accormmw limod)mtthlm ta theeffect generatord mmmmmdsﬂ:ethe

Irgggtesent ifon 1S W&ﬁa@@ly%@g%ﬂf@?%@ﬂ@?% @ i t al

1@ put anmmtlcantueamdeeb)ammm ptteltmﬁdlw harmdny aiote with one or moed er ni ned

Eﬁf ?eﬁﬁ%rmd;h&_ wﬁﬁ@%}’ﬁn"f}&] J s. t hen St red | n a Sﬁgg&ﬂﬁeﬁ;é by
~scal i ngstiine Tiies s bf itigbre mgmdlto%ich wmmwmym@oﬁa a rate
T G TRR l 5H h nt  vmt rsfn
note, if hrised or lowered in pitch. - ' '
15 '
BRI ZF DESCRIPTION OF THE DRAWINGS -
The foregoing aspects and many of the attendant advantages of this invention will
bece me more readily appreciated as the same becomes better understood by reference to the
folic wing detailed description, when taken in conjunction with the accompanying drawings,
20 whe ein: o .
FIGURES 1A-1D are representative graphs of the spectra of vocal signals showing
how the spectral envelopes change as a result of prior art timbre/pitch shifting techniques as ?
well as the timbre/pitch shifting technique of the present invention; :
, FIGUREZAuaﬂowchanofmeswpsperformedbythepresentmvmnontoshlft
25 the'nmbreandlorpmhofanmputnow '
FIGURBZBisaﬂowchmofmestepsperfomedbymepmmvenuontocrwe
timb re shifted, harmony notes from an mput vocal ‘note;
' FIGURE31sablockdmgmnofamnsmleffectgenmtorforproducmgvocal
harnonies according to the method of the present invention; '
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the rate at which the: resanpl ed i nput signal is scal ‘ed with the w ndow

function is the sane as the fundamental frequency of the input
note.  If it is desired to change the pitch of the out put _note as
wel | as itsWMOAMB2EYE2 then the rate at which the resanpl ed |HSE{E“§§"BPF3IJS |
scal ed ' with the window function _d¢iffers fromthe fundanmental
frequency of the input note. 5 Accordi ng to anot her aspect of
the invention, an effect generator is disclosed that can nodi fy the

T o FGURE 4 & oy TGRS R anh SolBbataie Rlighi R P

kar aoke sy stharts shostinghaw anl input vocal sipnabissesampled atconding ty step of the method o§thes t o
t he effecte‘g‘,&éﬁl{1 Jhe effect generator reads the notes on the
M DI chann tically assigns the note an anount of tinbre shift.

Thtehlo assi gmmam?ﬁammahm Mﬁnicaoqslpodoméd bym dx?Mm?unot e
Wi ope or_nore [ or i C u audi o
si gnal recmr% W%Q%MMJ?& %?%'Mﬁ‘ amount of

Ejl ][T?r e ass:c gned l:llﬁmbni‘l)blgclc I dmspﬁfmhwrldmndoweddaudm _
t t t t

Si gnal - woul BEETRARG L“&M%&uﬁaﬂﬁﬁ@” Kucr ed in pitch. 15 BRIEF
DESCRI PTI ON OF g &MW% 7B are a graph m&{ﬁ&.@bpmelmmmﬁwy
of the attendant advant ages of thi's |nvent|on W | becone "nore

readi |y appefetdigitally sampledvocal signsb mﬂbﬁﬁeM@Wﬁw by reference to
the folio sF6vW B A Eudihing WARBowk Barkd rbrid th
t he aclgorrpanyl ng draw ngs%‘gg6 & Fl GURES 1A- lDware

r epr esent at gwdm@f@emmm.m vocal si gnal s showing
FIGURES 9A and 9B are block diagrams of music effects that dynamically select the

amount of timbre shift that is applied to a note.

15  DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT
The present invention provides a system for shifting the timbre of a note in a way that
sounds more realistic than timbre shifts produced by known systems. In its simplest form,
the method can be used to shift the timbre of a note but not the pitch of a note. For
example, the method can be used to make a vocal signal sung or spoken by a man sound as
20 if the same note were sung or spoken by a wonian In addition to shifting the timbre ofa
note, themethodoftheprewumvennonanbeusedtochangethepnchand nmbreofa
note For example, ﬂlepresemmvennoncanbeusedtomakeanotesungbyawoman
sound like another note sung by a man. Finally, the presently preferred embodiment of the
. invention is used to create timbre shifted, harmony notes from an input note. Although the
25 following descnpuon is primarily directed to producing harmony notes from an input vocal
_note, it will be realized that the note need not be a vocal note but may be produced from any
source, and the output note need not be different from or harmonious with the input pitch.
FIGURES 1A—lb compare how the spectral envelope of a vocal note changes when
the pitch of the note is shifted according to prior art techniques and by the method of the
30  present invention. FIGURE 1A shows a frequency spectrum 30a that is representative of a
typical vocal note. The overall shape of the spectrum is definéd by one or more formants
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how t he spectral envel opes change as a result of prior art tinbre/pitch

shifting techniques as -~ well as the tinbre/pitch shifting technique
6T The present rnventrom FIGURE ZA TS5 a TTowW cartof—tte
steps perforned by the present invention to shift 25 the tinbre and/or
pitch of an input note; FIGURE 2B is a flow chart of the

st eps Reabesasd by the present invention to create PCT/Chd6Mozsc shifted,
har mrony notes from an i nput vocal note; FIGURE 3 is a bl ock
di agram of a nusi cal effect gen’erato-rSf-or pr oduci ng vocal . harnonics
according to the nethod of the present invention; WO

96/ 22592

PC/ CA96ODRARS32a. Thechuacwrortlmbteofthevoealnoteudeﬁnedbymerehwe magnitude

FI GURE 4A angd. Fl GIRE. 4 ing di nory .

Chart s SR REgm oF eyl Sty B he vafe S50 L Yartn s Flbiteiey B8  or o1

t he net gmowso4a)he " present invention, FIGURE 5 is a

bl ock di agr Wi uny rforned by.a digit al

ot s a0 Ot b A8 st s LR e, I st e e e

| nsent i fidquency of a note while mafddihing the formih® Of 1Hé SEEcATMSHAY BRhbRof MBCt i ONS

performed by a w.ndowed audlo gener at or, umt V\Athl n-the di gltal :
m @ote that is

si gnal i gisdlyocal note. FIG URE 1B shows &

[ Pr eSeng bR %M&hﬂw Qpédﬁ‘iinpiﬂoﬁhin URE‘{A 2 ally
sanpl ed vocal® signal accordi ng to the g;esent | nvent Fg)Gn A>T bt
asiociated with the spectrum 30b was created slowmgﬂwplaybaekmeofthempled

orgmalvoulnme. Asanbeuen,ﬂnemm;pecuﬂenvelopedeﬁnedbyﬂwfomams&b
10 asweuasmemdmdualhamonmsubascmnpmsedmdsmmdtoalowerﬁequency The
teuﬂtofshlfungthgfonmumammepmhshiﬁedvoulnmemndunmmnl '
FIGURE 1C shows a spectram 30c of a pitch shifted vocal note that is a musical fifth
beiow the note associated with spectrum shown in FIGURE 1A and which was generated in
accordancewnbthemethodsetfmthmthe '671 patent. The pitch shifted vocal note
15 asmatedwnhthespectmm 30cwucmtedhyrepheaungapomonofthempmvocalnote
a.tamethatuslowerthanthefnmdammtalfrequncyoftheongmalmputvoealnote In
th: spectrum 30c, mﬂymeﬁequenclesofthehaﬂnomcsuchavechmged udmnbedm
ths 671 patent. The overall shape of the spectrum remainsthewneasthespectmmshown
in FIGURE 1A. mpmhshmedvomlnoteassocwedmthmespecmmmsoundsmore
20 mmumlmanmepmchsm&edvoednotepmducedbythenoteaswcwedwuhthe
.qmm%shmmHGURElB However, ﬂnep:tchshxﬁedvoulnotedoesnotsound
cunmplehelymtmal thchshlfﬁedvoealnotesprodueedbytllemeﬂmdducnbedmﬂle’ml
p:mzmdwhaveumbrumumverynmﬂutothempntvonlugmlﬁomwhwhthey
ae created. Thmfore,aﬂthepnchshmedealnomwundhhahemdmnonsofthe
25 o'iginal. '
Toaltertheumbreofanotemammerthatsoundsmhsuc,thepmentmvennon
meunovelcombmanonofmhnxpmhshtfﬁng,wherebytheplaybackmofthevocal
nte is altered, sndthemuhodducribedmthe’ﬂlpmt The resuit is a timbre shifted
mmtlatcanbemademsomddeeperandmmmsculine orhigherandmoret‘emuune
30 FIGURE 1D shows a spectrum 30d of a pitch shifted vocal note having a frequency
tlat is a musical fifth below the input vocal note associated with the spectrum shown in
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10 . FI GURES 8A and 8B show how a Hanning wi ndow i s created and

~stored in nenory .in the nethod of th.e__present I nzention; and

FI GURES 9A and 9B are bI ock- di agrans of nusic effects that dynanically

sel ect the anount of tinbre shift that is applied to a note. 15
DETAI LED DESCRI PTI ON OF THE PREFERRED EMBODI MENT The present

i nventi on pWOYES82 a system for shifting the tinbre of a nREECA0M26ay t hat
sounds nore realistic than tinbre shifts produced by known systens. In its

sinplest form the method can be “USed to shift the tinbre of a note
but not the pitch of a note. For exanpl e, the nethod can be used to
make a voc su QL. S e a n,sound sane..not e -
were sung. oFIAREdA. H%maﬁ?%mwswﬁfﬁw eigf.. il
note, the mmwwmmtm daaefbomng e thgspédiRunP30d- h
and tinbre of B not e,. &r exar’m&)| ge ﬁge |nvent|08'&'rc]ansbg§tyused
to make a n¥W# g!‘ﬁ\'f&'

man.  Fi na"nowmumwsmﬁmr 'gi6iilig e res@inplell Uata in a memBMEBfFR) | S
used t% cregte ti nbrgé;hlfted har nony notes frogn agg; nput ﬁgg&g ho‘ﬂg
the 25 f |mmg> r‘i{ﬂ'am Abat eqpal ifurdamentabny
notes -from ﬁillgial W df R HokeZ €A B b nqﬁéa
need not beﬁgqvo al note t may prooé}tced ftrhg%n%n sour?ﬁgeu

t he out put specumd6d isslighty cqmpteueéﬂmt similar tartheanm spectrum 3fa.t The mplnus

\Blofzglh not e %R%‘g&%@r@%&%@sp%ﬁ%%@%%@é accgipg'lhng
to prior arinpuemdtei ques and by the method of the 30 present invention.
F1CUTg1 v ol il i o 6ot S B o,
mor e f or mangignal from an input signal are set forth in the flowchart shown _in FIGURE 2A. The method
‘ begins at siep 50 where an input signal is sampled at a first rate by a analog-to-digital
converter. The input signal may be produced from a musical instrument such as a flute,
guitar, etc., maybeavemlnotethztis spokehor sung by a user, or may be produced by
15 a digital source such as a synthesizer. After sampling the input signal, the corresponding
~ digital representation of the input signal is stored in a digital memory at step 52. Next, the
stored input signal is resampiled atasee_ond rate that differs from the first rate at which the
input signal was originally sampled. The resampling rate may be fixed at some percentage
greater than or less than the original sampling rate. Altemnatively, the resampling rate may
20 be selected by the user. | |
The resampled data is stored ina d:gml memory at step 56. Finally, the timbre
shifted output signal is produced at step 58 by repheanngapomonofthe resampled data at
“a rate equal to the fundamental frequency of the desired output signal. For example, if it is -
only desired to change the timbre of an input signal, then the rate at which the portion of the
25  resampled data is replicated is equal to the fundamental frequency of the input signal. -
Alternatively, it may be desired to change the timbre and pitch of the input signal, in which
easethemeatwhtchthepomonofthemmpleddatnsrephenedxsnotthesameasthe
- fundamental frequency of the input signal. Fmally, for the case in which the method of the
present invention is used in harmony effect generators, the rate at which the portion of the
30 resampled data is replicated is set to a fundamental frequency that is harmonically related to
the fundamental frequency of the input signal.
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WD 96/ 22592

- PCT/ CA96/ 00026 or peaks 32a. The character or tinbre of the vocal

note 1s derrned by the relative magni tude and posltron of the._
fundanent al fequency of the note and the harnonics (represented by the
arrows 34a). To shift realistically the pitch of a vocal
not e, wodmcessary to shift the fundanental 5 fremcsom2ef a note
while nmaintaining the formants of the spectrumclose to those of the .
original vocal note. FI GURE 1B shows 7+ spectrum 30b of a pitch shi fted
vocal note that is a nusical fifth below the note associated with
the spectrum shown in FI GURE 1A. The note associated with the

spect rum SOlInMcmnaimplelhﬂmﬂmofrttp iniventiin thectirhbre shifting

techniquesismisesd
byt he 1 4Pl pEES wﬁ%ﬁﬁtwyﬁ%ﬁéfﬁ Tk KBoBEE ' "0

conpr e Yol swing desefipfioreis fmmwmmm:mmym it willl sehi f ti ng
vqca

}:Ir](eJJ]Ic?(I;r mant s mahes t he Bl H;ges i f e sougd unnatur‘&]gm R

mugi caloffinf fnPut signal mwwmmmwwpsfﬁﬁqm saaeu:hi ithat iPWBE | N

"FI GURE 1A and V\/m ch was génerated in accor dance vmt t he net hod set

forth iharmeicallyzelated;tothe pitch-of she input sigaale - vocal note 15 associ at ed
with the Sp%émiﬂﬁmswmbme% £iibgs PoHohfledin kﬁ%%&.ﬁ@ tohPut
amen

vocal note a rate that 1s sSlower than the fu tal frequency

of the mdn@:mbmﬂpmd \medlhmmes | Fhe muhodbmgmtﬁotmhmﬂrma;ogt he

fgsguggﬁt@%&h@ W %wagﬁg%e rum rral ns ‘t‘gﬂ?‘ﬁ% as thet e

spaﬁt { wmmmmgmmmarmm?mmwuaﬁuw ngl ated
t C n

vocal it B SEHR oK yoRl B0k Rk 68 mich B fpeenflhel o by’ tory °5.

ShowreltuglHEI nat ur I Pltch s’h'??mng?al not es_ Gﬁﬁngg by the hgzound

ComD i a0 k58 b Bty R BESC.,

si m | arusts) or ktayl mmmamwwmmwm a sequbsvet, ¢rained.

T refore | the tch .shifted voc nat e ndI ke altered variation
Hgthe ema? deelcesncsaslacompﬁ/terfsk s‘s&u ! variations

After the harmony notes are selected, ﬂ:epercentmcreaseordec_tuse-oftheamplmg
raie that has been selected by a user is determined at step 68. The sampling rate may be
inreased to give the harmony notes a more feminine quamy, or decreased to produce
'harmonynowswithamorenmnmesound

20 . At step 70, ﬂmdxgmzedmputvoealnotematwasstoredmstep&nmmpledat-
m-newmeselectedbytheuser Theremnpleddataxsstoredinaseeondmemorybuffer

For example, nftbeuserhasselecwdwdmmﬂwmphngmw,thmﬂmwﬂlbe

fewer data samples in the second memory buffer, thereby decreasing the amount of memory
required to store the digitized input vocal note. Similarly, if the user has selected to increase

25  the sampling rate, the data of the first buffer will be resampled at a higher rate than the rate
a1 which the data were ofiginally sampled, thereby requiring more samples and increasing
nteamountofmmryreqmmdtosmemedxgmzedmputvoednotemthcseeondbuffer
_Withmedauoecupymgmotememoryspaee thepnchofmenomwinbelowered assuming

. tt at the rate at which the samples are read from memory remains the same, = .
30 Thcrewnpleddataxssmedmaseeondmemorybufferatstepn. Finally,the
" harmony notes are created at step 74 by replicating portions of-the resampled input vocal

SUBSTITUTE SHEET



25 original. . _ To alter the tinmbre of a note in a manner

that sounds realistic, the present—tnvention—- uses a novel

conmbi nati on of resanpl i ng pltch shifting, whereby the playback rate of the
vocal - note is altered, and the method descri-bed in the ' 671 patent.
The result g re shlfted . note that can be mad

deeper and n&@’é@u-l I ne, or higher and nore fem nine. %&&W

FI GURE 1D shows a spectrum 30d of a pitch_ghifted vocal note havi ng a
frequency that is a nusical fifth below the input vocal note
associ ated with the spectrum shown in WO 96/ 22592

PCT/ CA96/ 0002fye at rates that are equal to the fundamental frequencies of the harmony notes sefected in
FI GURE 1A, "and Whl ch was generated in accordance with the present

i nventi on. Adsten 66. - be described in further detail, the pitch shifted
vocal note corres GolwOtd FIGORE 3! aliusiSd effect h&sumbre

effect genetifior ﬂ
resanpling the previously stored I nplt vocal note at a rate that

slightly Lmnvmmmmgommgh%pfﬂgmmmmmmt

hen Tept SZE%‘“&%% il 3 eIy gl op e ool R Bl C

musi cal fi ftmmmsmnmm ﬁdeaﬂmmtagﬂpménon@ﬂk)d%mdnﬁbmm

0 The. oo mply AN AV BRE K mither Bty bt WsaD i e, BRE B

but not |ike sre tombindwithl thednigit 9ocabhotl Reprodicgiatiliti-voice output, ap désctibédsin dédil
The maj or Stﬁ? f the present invention to create a tinbre and/or pitch

shifted outp
10 'l'hemxcroproeusor 138 includes its own read only memory (ROM) 140 and random

access memory (RAM) 144. A set of input controls 148 are coupled to the microprocessor
toanowausermvarytheopmungpmmetersofthemuswaleffectgamr These
parameters include selecting which harmony notes wﬂl be produced for a gwen input note
and the distribution of the harmony notes between a right and left stereo channel.

15 A set of displays 150 are operated by the microprocessor. The displays provide a
visual indication of how the effect generator is operating and what options have been selected
by the user. One or more MIDI ports 154 are coupied 1o the microprocessor o allow the
effect generator to receive MIDI data from other MIDI-compatible instruments or effects.
The details of a MIDI port are well known to those of ordinary skill in the art and therefore

20 need not be discussed in further detail. - o

Finally, the effect generator includes a pair of "gender shift" controls 156. The
gender shift controls allow a user to select the amount of resampling pitch shift that will be
applied to each harmony note produced. The operation of the gender shift controls is more

_ fully discussed below. :

25 The digital signal processor 180 is a specialized computer chip that performs a variety
of functions. Thepmgmm codetoopemethedlgmlslgnalpmcessorreudesm aROM 141
that is part of the ROM 140 ooupled to the MicCroprocessor. 'Upon startup of the effect
generator, the mxcroprocssor 138 loads the digital signal processor with the appropriate
computer program to generate the harmony notes iooording to the method of the present

30  invention. S | S
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signal froman input signal are set forth.in the flowhart shown in Fl GURE

2A. The nethod begins at step 50 where an input signal is . sanpled at
afirst rate by a analog-to-digjital ‘converter. The I nput srgnal nay
be produced froma nusical instrument such as a flute, . guitar, etc.

‘may be a vocal note that is spoken or sung by a user, or may be produced by

- 15 wo Giridkéaal source such as a synthesizer. After smbmujae I nput
signal, the correspondi ng . digital representation of the input .

signal is stored in a digital nmenor@-at step 52. Next, the stored
i nput signal is resanpled at a second rate that-differs fromthe first rate
at which the I nput signal was originally sanpled. The resanpling
rate may bThé ieffect generatnrel0p dncludes aymicrophone 11 that treceivel the useriscimputt han t he

ori gi nal Sarrpl'@%év&%s tmé‘&%ﬁ%e% %%%M 20 _ be
| fvomal
e e
K

3;?2& |su£r uclsgrt&t‘ steﬁ ati nﬂ BortJ Onrﬂ'ﬁf@ e resams)! regd

Ot PUlyosl igtal fwwh@mlm AID GRIvVErEICEIS it e the
“tinbre of an input sigpal, then the r at Wmch the rtWhe 25
the dnput vpeal sigask sod M

resa of the

Qﬂgufo. tcﬂﬁmﬁg i'npuf m% %ﬁl‘%cﬂ?ﬁn@ﬁe%ﬁ%ﬁ} ate”at v\ﬂlecthi trrtﬁ;e

por t i toroft iniefirst seemory b mgmmmafm effech generator's sandoms access
fundﬁﬁ} | frequency of the input signal. Finally, for the case in which
t he of the . present- i nvention is used in harnmony effect

menerat or s Onbidhe dnput atocaihsigeal thae been tsampled§ andnstofd in theefirstThendonyat a is
P S o5l b BOABR RSN i i Bl ! 2 o
analwmmedatammdmthemqnorybufferlzzanddeMnmmpuch The method
usedtodeternnneﬂ!epmchofanotexsfullydmnbedlnmtu.s Patent No. 4688464
whmh:shmnmcorpontedbyreference Forthepurpomofth:sspecxﬁcanon the terms
15 “pitch” and fundamennlﬁeqnency ofanonearemmhangenble F:om thepttchofthe
inpu: vocalnote,ﬂlepenodofthenmenscalcuhmd '
Cmmnonally,ﬂnpenodofamtexssxmplythemvmofmfundmemal
-freq:wncyexprused mseeonds However, mthepumtembodxmmtofmemmuon,the
pm«ndlsalculaaedandsmedmwrmsofthenumberofmemorylouuonsrequuedtostore
20 awnpletecycleofthemputvwalslgnal For example, onecomplewcycleofﬂxenoteA
Mhmmul&mmmylm:xfmpleda“ﬂz(llﬂx“m Therefore,
ﬂ1e11modofA440Hzlsstoredaslo9 Inaddmontodewnmmngmeplwhandpenod
ofam,ﬂndmmmpmmsormomcumueﬁodmwmchmpommm'
alotmxnmmtywheteanewcycleofthemputvoalngmlbenns lmtmlly.the
25 permdmarketusetmpmnttothebegummgofﬂwmemorybufferinmmemputvoal
is stored. Subseqnentpenodmarkenmulcuhwdbyaddmgthennmberofdataamples
.ina nnglecycleofthemputvoulslgml(ie.onepenod),plustheprevmuspmodmarker
The penod marker is updated when a wnme pointer that pomts 10 the next available memory
lowmnunusasmalldelaylsbeyondwhmmenewpenodmarkerwﬂIpomt. The period -
30 mar|iers are used by the DSP lSOtopmdueethehamonynom,aswﬂlbedac_nbed.
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WD 96/ 22592 _ _

PCT/ CA96/ 00026 lLn_.the current _inplenentation of the
invention, the tinbre shifti ng techni que is used to create harnony
not es from i nput vocal notes.sung by a user. Therefare, -although the

fol | owing description is difééted to producing ti nbre shifted, vocal

har nony not WO 96/2259¢j | | be appreci ated the nethod of PC‘WGAWKnt

i nvention can also be used to vary only the tinbre 5 of an input signal
or to vary the tinbre and pitgh of an mpﬂr “signal. i.n a way that is not
harmoni cally related to the pitch of the input si ghal . Fl GURE

2B is a flow chargt of the o[ steps perfaqrnmed in the present invention to

produce tinbre sr‘h‘teﬁ“nﬂf rc% ‘hﬁ Pﬁe gaition, - rousine 188 ﬁ?a?“l!l’!lelb &p the

wherein the mifdpecessor 138, iaput@aﬁﬁﬁlé ©6besl githll Ytoréd” ‘ﬁfrii
rs

sarrpl es are 1 sto In a

first rate. At_st the d '
menory buffeh“ff%tlgitm WMM mlymnbmmwane

the pitch of fh w,wg&yh?ﬂﬂt nb%e an tﬁ@f@ftﬂf he
har rmny not e%l‘ch af uced w th e 1 npu VocAIPRGT e Sre s@?‘g“fft

at stepJ66. ﬁhmm ot is/assigned a numbeshepveod doand 123: Forgixample; meut

note may be ml@ e t. ?ﬁ g ser y
be received om an “external source suc?lgsa*sﬁg'"g@“ 'ig?t g"f‘@’e or

an 15  ext dheadte samejtheribe ronaded to theaclosest MM sioes orcissigned aﬁﬂmﬁum&r qt&

he" sampl i ncpaipie 8 RpiE 3t if Py T BhCh\ T g s paloted 3y mbon v k¥ o

step 68.. Thebysﬂwmlcrog!m may be i ncreased to give the harm)ny

not es 3g0r € f.em nemgu%%dﬁ”r eased tongpgduce ) har no not es
with a‘hore masc ‘!‘H\!‘Mt# theput
vocal note tritiefopr@ssot vﬂhﬂﬂnﬁﬁoﬁ Pnot&eeid iR prouced. The far Rérthdnd' ©
sel ected by the us r The, resa d data S store In a second nmenory

buf f er . notes ced: A be indpvi by ¢he-user ar selectest-fromauneior mdre

sanpling r atppedelin&l hiritng “YuleS. "b‘-“ior example, fa%{ ngrgogﬁﬁphﬁsmi&oﬁrg&iﬁf}g

menory buffer, thereby décreasing the a unt require
store the dim%é‘w httmpnwm ﬂnbar@ a musical:thirg abovie thi dnpwt eote)) a musicak fiftk d

to incngase gigve the a‘rﬁ&n i“ QH' be

resanpled at a h| gher rate t han %&vgﬁeainﬂﬂtn{utb %%i a’&ﬁgbﬁﬂ"e

originally dnputmote, Akemasively; theuises mgyndmaaab@dswmdchordﬂmm rule that
always produces harmony notes that are the chord tones above and below the input melody

line. As will be appreciated, to use a rule such as the chordal harmony rule, the user inputs

the chords to be sung, thereby allowing the microprocessor to determine the correct chord

20 ©  tones. The predefined harmony rules are stored within the ROM 140 and are actuated by

the user with the input controls 148. |

Another way of selecting the harmony noies 1o be produced is by using the MIDI

port 154. Using the port, the microprocessor can receive an indication of which harmony

notes to produce from an external source. These notes can be received from a synthesizer,

25 a sequencer, or any other MIDI-compatible device. Theeffectgetmtor 100 shifts the input

-vocals:gnaltohaveapuchequalmﬂxepnchofmeharmonynotesrecuved Alternatively,

' thelnstmcuonsofwhxghhannonynommproducemaybesmredonacomputerorasa

subcode on a laser disk. The laser disk may operate with a karaoke or other entertainment

typemachinesuchmat,asausersingsthewordsofakaraokesong, the karaoke machine

30 . supplies an indication of the harmony notes to be produced to the musical effect
generator 100. ' | |
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the amount of nenory required to store the digitized input vocal note in

the second buffer. _ - Wth the data occupying nore nenory space, the
prtch ofr n . g ) '
the sanples are read fromnenory remains the same. 30 The:

resanpl ed data is stored in a second nenory buffer at step 72. Finally, the
har monyy@odfisesar € created at step 74 by replicating poiéf,@mut he

resanpl ed 1 nput vocal WO 96/ 22592

PCT/ CA96/ 00026 ' -11- -8-
note at rates that are equal to the fundanent al frequenci es of the harnony
notes selected in step 66. Turning now to FIGJURE 3, a

nusi cal eff mcegwmm fiGkes hipvet banoduemmd; s digital signal piocéssardl80har nony

Vocal ¥ iEnat & IRRASPLOSPERNE 197 et Fsmpigk e et vor sASRACROSY SR BIL 01 has-

a m Cr%mgsp 1122:tamﬁW8yﬂh$huh6nWWﬂuﬁfcﬁm saiTw signal

processor 80 and random access. . - menory (RAM 121 to produce a .
nunber T6% is\siored in dwa memory buffgrs 128 thay are sssociated With each gander: onhi ned

detai | it WVP%W“WC%?%rWWS SRAEREH e own

read ommAMMy.zﬁﬂwmhmmm noteswill sowpdvporeq4 - A

set of controls 148 are coupled to the m croprocessor to
allow a uSer to vary the operating paraneters of the nusical effect
gener at or. TFRIGURE 4A shows how the stored input vocal data is resampled by the digital signal

, precessor to compress the spectral envelope and make the input vocal signal sound more
10 ‘masculine. The analog input vocal signal 105 is sampled by the A/D converter 118 at a
‘plurality of equal time intervals 0, 1,2, 3, . . . , 11. Each sample has a corresponding value
a,5,¢ ...,1 Thesamples are sequentially stored as elements of a circular array within
' the mémory buffer 122. The circular array has a write pointer (wp) that always points to the
ne:ct available memory location to be filled with new sample data. 'In addition, the digital
15  signal processor also calculates the last period marker (pm) 122b that indicates where in the
‘mumory buffer a new cyele of the input vocal signal begins. As will be appreciated, the .
number of samples between the last period marker 122bandapmouspenod marker 122a
Edeﬁnconecycleofllwmpmvoealmgnal '
' Tocompmuthespecuﬂcmwmofﬂlemputvomlugml themmdszgnalns
20 re:ampled and stored in one of the two memory buffers l:!S(:hwmmFlGURE:i)aame
slightly higher than the rate at which it was originally sampled. The resampling rate is
determined by the setting of the gender shift controls 156. In the example shown in
~ _ FIGURE 4A, the input vocal signal is slowed by 25 percent. This is accomplished by
~ remmpling the data that are stored in the memory buffer 122 at a time period equal to 0.75
25 times the original sampling period, For example, samples a', b’, ¢, &", . . . are taken at
tiines 0, 0.75, 1.5, 2.25, etc., and stored in the second memory buffer 128,
" To calculaté values for the data at times between the samples stored in the first
memory buffer 122, an interpolation method is used. In the presently preferred embodiment
| of'the invention, linear interpolation is used. For example, to ill in the data for a sample
30 al time 0.75, the digital signal processor reads the value of the sample obtained at time 1
* fiom memory buffer 122, multiplies it by 0.75, and adds to that 0.25 times the value of the
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paramet ers include sel ecting which harrmny notes will be produced for a

gi ven input note ~ __and the distribution of the harpony notes between
a right and left stereo channel_ 15 ' A set of displays 150 are
operated by the microprocessor. The di spl ays provi de ‘a . Vi sual

i ndi cation of how the effect generator is operating and what options have
been sel ect ew096/22892 by the user. One or nore MD ports 13mmwp| ed
to the mcroprocessor to allow the ef fect generator to receive MD
data from ot her M DI -conpati bl'e i nstrunmentl® or ef fects. The details
of a MDI port.are well known to those of ordinary skill in the art and

t herefore 20 need not be di scussed |n furth r, detail
Finally, the do ﬁ!‘ﬁ%‘ﬂg g‘éﬂ!@rmsq‘ﬁ pyrvently prefgrred

156. The mﬂﬂﬂﬂ&m&%ﬁ%@hsmu e adtfie miethdd$ "Lk fas Of

resanpling pitch shift that wil| be applied to each harnmpny note
produced. Thaplnsss £onldn bt used -giyem ufficient  OMPWHNE opaver s withine the  digifal signal
- di secussed belgwplso The digital signal processor 180 is a -
speci al i zed conputer chi;p that perforns a vari ety of functions. The

program&fode to oPaceithe datachaveé mwmmm nmemorybufifeRIRS, the
Eﬂgt e:‘ fseg?rt d?émi % W processor I oa&s t@gqﬂ%ﬁ{'éﬂ-wf
si gnal pr ocesnemoryibuffet 128 wheseapnéwaicycie of the resampipd: tixput (yocaj rsigual begipesn e The e

Lhe har oy oLSs ek 348% it B Bittping 5 B3 hhridP1220 by M5 Parlh

PCT/ CA96/ 000 2hange in the sampling rate. Thus, the new period marker 128b is calculated by nfbltiplying

10 the period marker 122b by 1.33 (1/0.75) and adding the result to the previous period

marker 128a in the second memory buffer 128. As can be seen by comparing the two

memory buffers 122 and 128 shown in FIGURE 4A, the effect of increasing the samplmg

rate of the input vocal signal increases the total number of samples required to hold a full

cycle of the input vocal signal. For example, the number of samples between the two period

15 markers 122a and 122b in the memory buffer 122 is twelve. By increasing the sampling rate

by 33 percent, the number of samples required to hold an entire cycle of the input vocal

signal, i.e., the number of samples between period markers 128a and 128b, increases to 16.

FIGURE 4B shows how the input vocal signal is resampled by the digital signal

20  processor at a rate that is slower than the rate at which the input vocal signal was originally

sampled by the A/D converter 118 and stored in the memory buffer 122. Again, the analog

input vocal signal 105 is sampled at a plurality of equal time intervals 0, 1,2, 3, .. ., 11.

Enchmnplehasaoorrespondingvalﬁea, b, ¢, ..., that is stored in the first memory

| buffa 122, The penod marker 122b is calculated to point to the memory location that marks

25 - the beginning of a new cycle in the input vocal signal.

' - In FIGURE 4B, uxemphngpenodlsshownasbemgmcrwedbyzspement

. Therefore, the input vocal signal is resampled at times 0, 1.25, 2.5, 3.75, etc., times the

original sampling interval. Each sample has a new value a’, b’, ¢’, . . . , i’ If the sample
interval does not exactly align with a one of the previously stored samples, interpolation is

30 used to determine a value for the resampled data. For example, to calculate the value for

a sample d’ at time 3.75, the digital signal processor caiculates the sum of 0.75 times the
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The effect generator 100 includes a nicrophone 110 that reei ves the user's

I nput vocal note. and converts it to a correspondlng analog
efectrical VﬁbﬁT’?Tﬁﬁal The Tmput—vocar —STgmalTs arsu-referted—to

as the "dry" audio signal. The input vocal signal is supplied to a _
| ow pass filter 114 that renoves any high frequency, extraneous noise. The

filtenggodrbRest S5 vocal signal is transmitted to aﬁcﬁaﬂm o-digital
(A/D) converter 118 that periodically sanpl e the mput%ocal si gnal

and converts it to digital form Ead8-tinme the A/D converter has a
new sanple ready, it interrupts the DSP 180 causing the DSP to read the
sanpl e and store it in a first nenory buffer 122 that is part of the

ef f ectvalierafithe duth obtained antime doaml 0.25 times R Walue. of the data obtained at €3, t he
i nput vocal signal has been sanpled and stored in the first nenory

buffer"‘izz the digital signal processor 180 inplenents a pitch recognition

routine 18mmmmwmmmmmwmmﬁfer 122

and determnes its pitch. The nethod - used to determ ne_the pltch of

a not ¢he Jigital signal; processge mﬁ?%’tmmﬂmu&@%m&wdﬁaMWh is
h§r ei Nniié MM nidhfidt &) adsaritRd bove, E&rahf&wmmunhw'ﬁﬁﬂﬁw bfaton,

the terns 15 "pitch" .and fundarrent al frequency” a note are

int ermmmmm&mtﬂbﬁﬁemmmmuﬂe pferl od
of t hegRod d of a
note i s si nplwfmsemw yfzgmwfatdm%equency expressed in

secondperi ionarkers 128anandh128b: SEherefore;thediotabnumbeir of isamples required) (o store a

F a0 e i L")
flgigﬂg Om%@ at 4§Kliz 5% 41%; oooim‘fh 'é“?ﬁ”'@o‘r“"m"“' Whgemy
gﬁél gmombu forvoeitfapphaﬂiogsel{fhﬁ deealdeﬁnmﬁrmh %WWMgCUP; 22 a
Cycl o e o ODiiAR WHER I Ao sate it i e 18 a2, 2, 100 Mol r

is set to [Oiceithd idphtvock! eﬁggnms relsdifipld S 2ateindicRbd by tehiie | nput
vaocal i s stqgred. Subse er| od markers are cal cul at ed by addi ng
dfe nLﬁ%HP"cﬁ"ddﬁ?@d rﬂ!Fé’é" b“ %F@W%M‘Pﬂ)&f teocal -

si gnal aﬁgﬂ \ﬁw BBs40F alhe

peri odm#ﬁ ker |s updat e en er?'i:@ orn e‘rheJt"h'gi[ile ol nts two t léasnext

avai | 2periad OE 27 mds(mmphsm ‘anddave one the gendes controlaiset e t he

new peg Pibﬁ‘armén Ydshnpie@ 'ab'the nbWFratl 'thefleriod of the resampled vocal signal wili
be :..043 milliseconds (98 samples at 48 KHz). This new period is used by a window
20 - gencration routine 196 and to a pitch shifting routine 200 (represented in FIGURE 3) that are
| imp lemented by the digital signal processor to creates the harmony notes. '
 With reference to FIGURE 7, the pitch shifting routine operates by scaling a portion
of the resampled input vocal signal 400 stored in the memory buffer with a window
fun tion 402 10 reduce the magnitude of the samples at the beginning and end of the portion,
25  and to maintin the value of the samples in the middle of the portion. The window
fun tion 402 is & smoothly varying, bell-shaped function that, in the preferred embodiment
of tlie invention, is a Hanning window. The result of a point-by-point multiplication of the
‘window function 402 and the portion of the resampled vocal signal 400 is a signal
seginent 406. As can be seen, the resampled vocal signal 400 contains a series of
30 pealis 40la, 401b, 40Ic etc. The signal segment 406 contains a complete cycle (i.e. one
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30 mar kers-are used by the DSP 180 to produce the harnony notes, as

w || be descri bed. _ . WO 96/ 22592 —

PCT/ CA96/ 00026 ' : L - -10-
The results of the pitch recognition routine 188 are supplied to
the m croprocessor 138, i.e., a signal of the pitch of the input
vocal signawas6zessd in the first ‘buffer 122. Wt hi RCT/CA96RON26140 of
the mcprocessor is a look up table that correlates the pitch of an
i nput vocal signal with a MDI note. In M presently preferred embodi ment
of 5 t he invention each M DI note is assigned a nunber between O and
127. For exarrpl e,_th note A 440 Hz is the M DI note nunber 69.

an input si @eakd ?fsmﬁmwgﬂt has & pe: mm‘nmm&'ﬁdﬂé“mmﬂﬁ%r
be. rounded t&é,ﬁﬁﬁcl osest M DI note or assigned a fractional nunber. .For
exanple, a note that is slightly flat of A 440 Hz mght be assigned a
nunber such as GMW”H m@mm  1s]¢peated by concatenating-at he

T or opr oces Sales ugnd afiiian 050 e o e fprmon
mcroprocessor dete | C har rrrSn not es are uc o

_pﬁr ticufar matedd8to the resampled vocal psmll!&dﬂmm IDEIGHBB/'MDJ.;! ¢ap herseeyy thattbe by
For crampl o ISRt b HIRP aibod B Beaks 080, 4086 CARE a8 ESPREA B e B
har mony not afatal hTherefose, athetharmaily note 408 wild weurkihen ootpvet bedow ahe mpletabcal

fifth 15 above the, | nput not a_[rus seventh abqve the, input note,
bnd 8 s o BT Al VEILbE RPRRARL; o2 P%H‘E@F e Oy Do geBRida on g,

may sel ect Gratle Udt awliitit theosigml ‘segientiq ming thetrbﬁnpled vocal snghwa;ys

DO M e cion, o b & TR R o it bl L
- | to shift the pitch of a note 10 any value higher than an octave below the original pitch

requires that overlapping signal segments be added together. As will be appreciated, the

reason for reducing the magnitude of the samples at the beginning and end of the signal
- segment is to prevent large variations in the harmony note as a result of adding overlapping

15  signal segments together. | |

" FIGURES 8A and 8B show how the digital signal processor calculates the Hanning

| windows used in creating the harmony notes. The window generation routine 196 described

above stores mathematical reprﬁenlations- of four Hanning windows in four memory

buffers 134a, 134b, 134c, and 134d (FIGURE 5). Each memory buffer 134a, 134b, 134c

20  and 134d is associated with one of four harmony generators 220, 230, 240, and 250
(FIGURE 5). Within the ROM 140 is a memory buffer 141 that stores a standard Hanning
window in 256 memory locations. The values of the data a, b, c, d, etc. stored in the buffer
are calculated by the raised cosine formula:

. (1 - cos 2wx/256))

25 where x represents each sample stored in the buffer To create a window funcuon wuhm one
of the memory buffers 134 that is used to create the harmony notes, melength of the window
1sﬁrstdemermmedandmenthewmdowxsﬁlledwnhnewdatapomtsa b‘ c’, etc., by
interpolating the values of the Hanning window stored in the memory buffer 141.

. FIGURE 8B is a flow chart of the steps performed by the window generation

30 routine 196 (FIGURE 3). 'Beginning at step 420, it is determined which resampled input
vocal signal is to be used to create the harmony note. For example, assume a user has set
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As will be appreciated, to use a rule such as the chordal har nony

l'i ne.
rule, the user inputs the chords to be sung t her eby alloming t he
+H-E+6pFo ' e cetrect—ehora—20-

harnmony rules are stored within the ROM 140 and are- act uat ed by

~user with the input control s 148.
t he harnon é notes to be produced is by u3|ng the M DI ort 154.

Usi ng Wed t he microprocessor can receive an |ndrcaFfon of whi ch

har non
be rec
M DI -c
vocal
“receiv
pr oduc

ype. bt fAF e P81 Bl gl SRARGIA o0 1)+ FORY MU Fatare s |

firiTahhoty mie, and thepimputiencalrsignalithatisiresampledi it @ mteofrdQ%isused oo be
Sk sle it Sther iinicaly noaesCk.  OncE BR3P Bs dédlhmined which resampled V'O

kar aok
produc
067 22588

t he

Anot her way of selecting

y. notes to produce fropgan external- source. These notes can

eived froma synthesizer, 25 a sequencer, or any other
onpati bl e device. The effect generator 100 shifts the input

gﬁ%&%@@m 3160 43 -20%2 ' Whéh isltig iRé inulics feffelic1002 HiERY BRRERS

vel'y { he |nstruct|ons of which harnony notes to

ummmnmtmmalmﬂlebe used 1o cpeate a harmony ot o THR user @Ber di sk.”

PCT/CAW@Q@?&MBwbewmmmmym.ﬂBMOfmem

Once t
180
vocal

t he p05|t|on

10

he harnnny notes have been det et
fo o A VIR A i O

ender. shlft control s 156 The
eomparedwnththepiwhof resampled input signal at swp424 If the pitch of the

'hmmmynotexsgmthanthepxtch ofthemampled input note, theDSPptoceedsto

, step426 At step 426, theDSPdmnmesthenumberofsenumu(x)mehamonynote

15

18 lboveaposmve threshold. In the p:uently prefmed embodnmtofthemvmnon. the

'pmnuvemreuholduaetwwosetmm At step 428, thelengthofthememorybufferthat
'su'resthenanmngwmdowusedtocratetheharmmynoﬁexsmdueedbymulnplymgthe

letgthmlculatedatstep422bymemultsofmeequamm
2-:!12

wlterexuthenumbuofwmmﬂmhamonynote:sabovemeposmvemmhold For

ex \mple, nfmeharmmynotensﬁvesemitonesabovethemmhold ﬂlelengthofthememory

‘bulfer is reduced by a factor of 0.75.

Ifmepltchofﬂ:ehatmonynotetobecreatedmbelowthepitchoftheresampled

'm]mtnote,melmgthofthemndowmaybeexpmded At step 430, the DSP determines
the numberofsenum(x)ﬂ:ehmonynoteuhelowanegauvethmhold Inthepresently

pr:ferred embodiment, the negatwe threshold is 24 semitones below the pitch of the input

note. lfﬂaehamonynotcubelowtheﬂlmhold the length of the memory buffer that holds -

the wmdowﬁmcnonnsmmsedbyanamoumequaltothemuluofmeequanon
. - 2+xll2 ' .
wiiere x is the number of semitones below the threshold. For example, if the harmony note
to be created was 29 semitones below the pitch of the input note, then x = 5 and the length
of the memory buffer that holds the window function is increased by a factor of 1.33.
At ‘step 434, it is determined whether the length of the window function has been
insreased to ani amount that is greater than the amount of memory available to store the
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resanpled data is stored in two nenory buffers 128 that are associated with
each gender 5 shift_control. By.sanpling.at a |lower_rate, the tinbre
of the harnony notes will sound nore f em ni ne. AIternatlver, if the
sanpling rate is raised, the. harnnny notes will sound nore _
mascul i ne. FI GURE 4A shows how the stéred | nput vocal data is
resanpl ed bywose2289yi t al si gnal processor to conpresBCTATAYMOSt r a
envel ope and rmake the input vocal signal sound nore 10 mascul i ne. The
anal og i nput vocal signal 105 is sanpled'ﬂﬁ‘the A/ D converter 118 at a
plurality of equal tine intervals O,1,2,3, ,11. Each sanple has a

are se uentially stored

correspondi ng .val u ) Ve The sanpl es -

as el enents M%qu lfaﬁops!gﬂmthpﬁﬂ'ewdm AR amoynt
circul ar arr gy yamdryaviiilabis 1 Stoftl e widow | way's p0| nts to the

next available nenory location to be filled wth new sanpl e data. In

addi tion, .t he di gHithe harmony nofefoe Welssm below dhe: negative:theesholde ﬂnealynzth'of'

peri‘od marke Wﬁ%{mhﬂg g’!?ﬂ"yf‘u ' menory buffer a
new cycl e of %e I nput vocal siIgnal begrns. ?‘f)‘g’appr eci ated, the

nunmber & sanpl esAfer theclengthcof] the tmemory daiiffer thas rholda2the awiddow anmmlsmen od

Kk 122 f

To conpr oaq EHguiatst, (S afnS Vil 534 i Bndd ith 0k Ll of kG, e, Thjs s

si_%nal i's |2:|0$E Mmm,mdpnﬂlsmmt?foﬁ#wlmh gth of thebyffar 4l (whichi8
: t t . t t t, .

e amiami

FI>IGURE 4A, th wgﬂ} Gi"\?gwal is sl o by 25 ergeﬁ?@ms IS tedgth

acconpl 1% hed°§3 ples, &F@@ﬁgm"@ﬂ@"m Ek%ﬁ%?éﬂﬂ'ﬂ“@he"%&r&'-{/

buffer 122 a‘inﬁe%hﬁ@nﬂﬂidrﬁi‘ﬂﬁ%ﬂtv&&lﬂgﬁ q?:‘émpledtdsriﬁawﬁwah 4B and

sanpl i ng period. For exanple sanpl es ... are taken at :
times 0, 0.79esciibed aboves etc., and stored in the second menory buffer 128.

firar o V%ﬁﬁ?y‘%ﬁ‘%?@%“@%?dﬁﬂé‘ﬁ%ﬁﬁwﬁﬁs@‘Péﬁ SSHOTRR Wb ©

present |y pr &tior affegtscths guagnisnde of the samples tstoced invthatmemory|buffond34. If the user
I nterpolatio f
at ti mei";jl 5%%5@?& FEI Sl g%ryo%@.é‘éw reaé%aﬁhog&g/egl fufgﬁeo @ém

obt ai ned at wolsme] the ratio is set top@SieTher volume fatio if d@erminéd atystepodtli andegctOvalae
and adds to tixpﬁte nQe:&orytbn%n ESQ s\ﬁ%np?iesgytlﬁ'e volume ratio at step 442.
Returning to FIGURE 3, the output of the pitch shifting routine 200 is supplied to a
‘summation block 210 where the output is added to the dry audio signal stored in the memory
20 buffer 122. The combination of the dry audio signal and harmony signals is supplied to a
' digital-to-analog converter 215 that produces a multi-voice analog signal that is the
combination of the input note snd harmony notes. As is described in the 671 patent, the
output harmony notes are not produced if the pitch recognition routine detects that a user has
sung a sibilant sound. Sibilant sounds are sounds such as “s," "ch,” *sh,” etc. In order for
25 the harmony notes to sound realistic, the pitch of these signals is not shifted. If the pitch '
recognition routine detects that the user has sung a sibilant sound, the microprocessor sets
all the harmonies to be produced to be the same pitch of the input vocal signal. Thus, the
harmony notes will all have the same pitch as the input vocal signal, but they will sound
slightly different than the input signal due to the timbre shift that occurs due to the combined
30  operation of the resampling and the operation of the pitch shifting routine 200,
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Sanplr € obt al ned_ at_ tine 0. A'Thougn Ti near 1Tnterporatrton 15 used i the
currently preferred - enbodi mrent of the present invention, other nore
accurate interpolation nethods, such as splines, could be used given

- suffi NéagseyTPUt | Ng power Wit h| n the digital signal ﬁ"""“ cessor 180.

5 W6 Once the data have been resanpl ed and st%?g I n the second -
menory buffer 128, the - di gi +d7 -si gnal processor cal cul ates a period
mar ker 128b to point to he location in the menory buffer 128 where a
new cycle of the resanpled i nput vocal signal begins. The per.i od

mar ker 128LTé prodabcnbtdmhthymndm; bagpionies then mldhdobmuensﬁﬁﬁhobmt he

_ Egr&c)eln chgnﬁe IE‘ t he s?%g& ra%ie Thus p!’glxﬁ%ew er, mar ker

(1/70. 7&@&@@:@-&@ [ hidhﬁbiﬂ'ﬂnmlmpﬁfﬂﬁ Mﬁ "Iﬂiﬂﬁﬂi 128 in

~the second nenor buffer 128 can he conparing the two
n'ermry"%fpeﬂ Sndhey patch g Fn"q" ém&% digital  #ignaksi ng t he
mpl i gwm 220 280, 240 nunber.
? es re UI red to hol.d uI I cycl e’ o the rnput vocal si-gnal .
For ex mmm 'herﬁ!l’kers

;grzrfall I ng r%mwmt Zﬁémw sarrp%w to hold

an enttamdisiﬁhﬂmﬁlpmmawddﬁzmmredsngdmkuptwlzﬁ(hemnpof
samp! egpRNER theGpiud dighal frobesor il wwﬂ &&%ne :ﬂ&ﬁ&ﬁ&ﬁ&&%@m for
10 udlofmeharmonynom
&chharmonygmeratormﬂnnﬂledngmlagnalpmrprodumoneofthe
harinony notes stored in the look up table 260. As described above, the harmony generators
scaleoneofthemnmpledmputvoalslgnalswlththel-lannmgwmdowstotedmthe.
hmnonygmmmrsassouawdmemorybnfferlm 134b, 134c, or 1344, at a rate equal
15 'wtmeﬁmdamumlfrequmcyofﬂlehamonynotembem
Thedryaudmagnﬂmdﬂnemtputsmﬂofachofﬁehmygmmm
230, 240 and 250 is supplied to the summation block 210 that divides the signals between
left and right channels. For example, the output of harmony generator 220 is supplied toa
mixer 224. The mixer allows the user to direct the harmony produced to either a left or
20 - nghtaudnochannelortoanuxofmenghtandleftaudmcmws. Sxmﬂarly.theuutputs
'of heham;onygmms230 240md2503refedtocortupondmgnuxers234 244
and 254, Each of the mixers feeds a summation block 270 that combines all the harmony
sigials for the left channel, Similarly, each of the mixers 224, 234, 244 and 254 feeds a
m.maﬁmbm'mmmbinsaumehammyﬁgmufmmﬁgmmcmw
B The digital signal processor also reads the dry audio signal from the memory
" buffer 122 and applies it to a mixer 284 that can be operated by the user to direct the dry
'_'mnotounmneeommmonomelefcMorngmmmas. '
o Although the digital signal processor 180is shown including four harmony generators,
‘tho e skilled in the art will recognize that more or less harmony generators could be provided

30 . degending upon the memory available and processing speed of the digital signal processor.
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FI GURE 4B shows how the input vocal signal is resanpled by the digital

signal - 20 processor_at _a rate that is slower than the rate at which the
i nput vocal signal was origipally sanpl ed hy.the A/D converter 118
and stored in the menmory buffer 122. Again, the anal og i nput vocal
signal 105 is sanpled at a plurality of equal tine intervals 0, 1, 2,
3,..., 11. wo96/2292ch sanpl e has a correspondi ng. val ue a, MIGMGMM! t hat
is stored in the first nenory - buffer 122. The period nmarker 122b is
calculated to point to the nemory |ocati od8that marks 25 - the beginning
of a new cycle in the input vocal signal. In FI GURE 4B, the

sanpling period is shown as being_increased 25 percent
Therefore, the i npemingzoN %F{ﬁﬂﬂﬁ Q%‘h&t umﬁ@%me@y each; of theys

ol Ge o b Mifheny gesero¥ {5’ dhn "’@P L AT AR

align with ammmmménp %rwmmsa‘ﬁtm aydio gernegator

ne val ue. 1 opperis i Yale'fhe ekl ifpar UikaP Yl 6 e Yl Rton) y Gcfbler ©

processdr cahhwbal\edmumﬂm penerator is supplied with a Vilv©&quaP0?2
PCT/ CA96/ 000

val ue of theaﬁMQWYf%WM%?PWt @mm@lﬁwﬁ‘% a
obtai ned at wmﬁmmumwmzm(mmmmsmm&mm '

;?;ﬁtg}al S?oigg@gﬁ ar ed I n the gecgng @ bufferwb “ﬁm%& gl t al
data wo,angmlusenttoawmdowedaudwgen’eumrnllouuonblockSSOthatlooksforone
10 of the windowed audio generators 300, 310, 320 or 330 to begin the scaling process. For
example, if the windowed audio generator 300 is not in use, a buffer pointer 302 is first
loaded with the value of the period marker that marks the location in the memory buffer 128
where a complete cycle of the resampled input vocal signal that is to be used in creating the
harmony signal begins. Next a window pointer 304 is loaded with a pointer 0 the beginning
15 of the harmony generator's associated memory buffer 134a, 134b, 134c, or 134d
(FIGURE 5). Finally a counter 306 is loaded with the number of samples that are used to
store the sclected window function. The number of samples in the window function is
supplied by the digital signal processor to the harmony generators and is stored in a memory
location 370 for use by all the windowed audio generators.
20 After the buffer pomm 302, the window pointer 304, and counter 306 are initialized,
the windowed audio generator then begins a point-by-point multiplication of the resampled
| input vocal signal stored in the associated memory buffer 128 and .the.Hanning window
stored in associated memory buffer. The result of the multiplication is applied to a
summation block 372 that adds the output from all the windowed audio generators 300, 310,
25 320 and 330. After the multiplication is completed, the pointers 302 and 304 are advanced
and the counter 306 is decremented. When the counter 306 reaches zero and all the
multiplications have been performed, the windowed audio generator signals the windowed
audio generator allocation block 350 that it is available to be used again. The windowed
audio generators 310, 320 and 330 operate in the same manner as the windowed audio
30 generator 300. ' |
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5 in the sane manner as described above. As can be seen in Fl GURE 4B,
- the nunber of ' sanpl es between the period markers 122a and 122b of

The orrginal 1 nput_vocal signal™ T35 12, . Wrerm the—samprg—period——s
I ncreased by 25 percent, only 9.6 sanpl es exist between the peri od

mar kers 128a and 128b. Therefore, the total nunber of sanples required to ..
- storewdasmasez conplete cycle of the input vocal sigpprddseses’ eased by 20

percent. 10 In the presently preferred enbodi nent of the present
i nvention, a user can increase -19-o0r decrease the sanpling rate by
+/-33% More or less.resanpling shift could be provided. However ,

for vocal applications it has been determ ned that the nost realistic
soundi ng manWMMMWMmmWSLe is set

lrogtsan‘gp W%ﬂéﬁg fnnﬁwcwm% Q}%W@w"@ﬁ? %‘f‘gﬁéngegtnor ed

in thm desmamuw membfyHoddfions t34dre ull dymamitdlly ypdated ds thé usdre
resa d&?ta For l g he user may be singing an A note at 440 Hz -
whi ch SMgs ﬂg? mi | 1iseconds (109 sarrpl es at 48 KHz) and

hRve one Ofkgidagribed dbéves Hi Kadindny Bbtes having a ipitch o8 pich oF gierhpst ! { he
new rate, the perjod of the resanp]ed vaocal si gnal W | be 2.043
ot m&mmmmmmlwﬁ el o e o 2

gener fie? thel piiol 'of W‘,éd f,%.ﬁg,, orheiidodel SPeRaENt ed in
FI GURE 3) that are I npl ement ed by e dy |taI si gnal processor to
creat s@aﬂmmnabﬂ;nmmwowmmputmﬁt fonlypue:windowedsamlio 7, t he

Plefsgw(éﬁnhput voc st gh ﬁ%%&‘“%ﬁ?ﬁmm wé’%ﬁa wi ndow

- Hunct obAe1input vocak siotee theh lengthoofl the didanpingt window rip ishortened.t HEhdsefgreartong and

i clat 2o Eblnpfteral e s e e B8 ekl il el MRS 1

varyi only twel winddweed-ghdio/gerierators hat , in the preferred enbodi ment of

. At B Bl AR it BBl o b BB o ¢,

resammmmgmmaonmmmmmnymmmmwummm be seen,
o Wy Bt frotsage the el of el 0w 3. 0rrpl ot o oyl e (1 0. one
- Asmd:uwdabove th_emuswaleffectgenemmrofthepreuntf-invmﬁonunbeused '
with a karaoke system that has a prerecorded melody arid/or harmony track. Alternatively,
the 1nelody or harmony notes can be received from a keyboard or from a computer.
Typir:ally, the prerecorded melody or harmony notes are transmitted to the effect generator
20  over a MIDI channel. If only one harmony voice is to be produced, the effect generator can
read the desired harmony notes from the MIDI port, look up the amount of timbre shift that -
is to be applied to a note and create the harmony"note by replicating portions of the
resantpled input note in the manner previously described. However, if more than one
, lum:nyvcieelnobepmducedﬂmnuumllyreqmmdthatmenowsforeachvmcebe
25 u:mrmmdonﬂurownmmchamel : '
"In most instances, the MIDI controller supplying u;e‘harm_:y notes does ot have
. enouph free channels to allow a separate channel to be used for each voice. A single MIDI
chant el could be used to define each melody or harmony note to be produced. However,
there is no practical way to inform the effect generator how much timbre shift should be
30 applicd toan individual melody or harmony note. Conceptually, it would be possible to code:
the M ID] file that describes the harmony or melody notes with a MIDI message that precedes

SUBSTITUTE SHEET



WD 96/ 22592 B
PCT/ CA96/ 00026 : ' - 14 -

peak) of the resanpled data._.but has a begl nni ng and an end that are
-relatively small in 'gnltude “Referring nowto FI GURE
7B, a harnony note 408 is creat ed by concatenati ng ‘a series of

Si gnal segnVR9%/2283a, 406b, 406c and 406d t oget her. Conpar B¢I/GA00926 nony 5
note 408 to the resanpl ed vocal signal 8 (shown in FIGURE7A), it can be
seen that the har nrony note has hal 0¢he nunber of peaks 408a, 408b,
408c as conpared to the resanpl ed data. Therefore, the harnony note

408 will sound an octa bel ow th l;ea | dv aI na
be appreci at@6h nPwANd; X’?ﬁ“b*“‘\" Ehy 'eﬂ"cg b}?d‘!ml}wahe

rate at mqnma mwmmwwmmmﬂﬁmbmyﬂﬁﬂh@dm&al

signal by the 10 = w . ndow function, are added_together. As described_in
the '671 patmmmmamﬁ@pwm Thergfoce, there iy, a nged for aefisct

note (0 any yeabrifor thal Ul rebdifd Vioked ®n A'sirigle WD éHakbel and
requires that over %%g Si gggl rrents oﬁ 3 toget her. As V\naf'lulglegn
- appreci &ted, ﬁﬁnvntmwnmofemnmmwrtwmgmmmﬂmmm sanpl es at -

-t he begi nni ng and P'éémﬁ‘?' tsﬁonPl'i e
variations in the Eﬂim)ny note as a resmf= I'ng overlappi ng 4% In

si gnal segnethissembodimeénty all the melody or harmonyt EREIBattaxe 40 dc®BIPaNY &/ ZINSW SONG: are

o 2ht gt PeskealRE R AL TR SRR kePlor i rosaRBgh 88 thel s

above storesmﬁﬁmya&n anemomitaiﬂmmdiiftftowe fdaes inveal vings] OWhe hardivarer

menory uf fer,s 134a, .134 ,134c d 134d IGURE 5) Each
buf f er 9344, ”ﬂ'\!‘HJ ¢ this é ‘?BE F@?Rﬁ%
har nony geneiﬁtmﬂ&ww Mgﬂﬁ(ixgnal proeesioFllﬁbJB'inﬁﬁmmWe‘dhnasﬁglﬂIyRO\/l

140 is a nenpry buffer 141 that stores a standard Hanning
different manner.
The effect generator SO0 receives a stream of melody or harmony notes on 2 single
MIDI channel 505 from a MID] karaoke system, a keyboard or eemputer system as the user
15  sings. The melody or harmony notes are read by the digital signal processor and are
automatically assigned an amount of timbre shift in a process bock 515. Preferably, the
automatic timbre assignment block 515 is implemented by programming the digital signal
processor to compare the pitch of the melody or harmony note 1o be produced with oneor
more pitch thresholds. |
20 - Depending on where the pitch of a melody or harmony note is relative to the
| thresholds, the timbre of the note is set according to some predeﬁned or preprogrammed
rule. For example, if there are two thresholds, notes having a pitch higher than both
thresholds may be resampled at 2 rate of -10%, while harmony notes between the thresholds
may be resampled at a rate of -2% and hannony notes below both thresholds may be
25  resampled ata rate of +5% etc. Of course, the amount of timbre shift may be the same for
notes above or below the one or more pitch thresholds. Alternatively, the musical effect
_ generator may by programmed 50 that no timbre shift is applied to the notes. The one or.
more pitch thresholds .may be predefined or may be programmed for each song by including
the one or more threshold notes as MIDI messages at the beginning of the MIDI file that
30 . accompanies the song. ' '
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wi ndow in 256 nenory | ocations. The val ues of the data a, b, c, d', etc.

stored in the buffer are cal cul ated by the raised cosine fornmula:
buffer. To create a wi ndow function w thin one - of the nenory buffers
134 that is used to create the harnony notes, the | ength of the w ndow

Is first detsegam' ned and then the wwndowis filled Wtﬂ’éﬂ‘m points a',

b, c' WQ15228 by i nterpol ating the val ues of t wi ndow
stored in the nenory buffer 141. . FIGURE 8B is a flow chart of
the steps performed by the w ndow generatlon 30 routine 196 (FlI GURE 3).
Begi nning at step 420, it is determ ned which resanpled. input vocal
signal ist amﬁ@é% gnawmgm W%ﬁ a user
has set %l}ﬁ m@g or pitch”

PCT/ CAgmMe;he automatic umb:e assignment block 515 may be implemented by pmgrammm

' :Eeuggr e {%ml W@ nm mpWWWQ#P e u;eéo'(t)b

_ cr eate mwmmmwm saparate: MID] file and tansmitied to theteffebt-geénematar onocal

ffer w#%&ﬁ%ﬁ?@nﬁfﬁsﬁnﬁﬁ%@ el %?»L*ﬁé?ﬂ%% ﬁ%ﬁ#ﬁm% a fate

of -10%ﬂwm5nexpammtnh @otet he DSP

Efzaglekg‘;%d%v\m ch.re 3%M ?ﬁ!et qéocal Si gnal thento e used in
_mmtofumbreshiﬁforeachhammynotedepmdmgonﬂ\eexpectedalmuntofpitch
shift.

10 Asyetamﬂwralmme, the automatic nmbreasugnmgblockSlS may be
xmplemenbdbypmgnmmmgthed:giﬂlagnﬂpmrmeompmﬂupmhofme
haxmonymwnthﬁnmhofthemwtvoeﬂmmdeﬁemmexfﬂuhmymtexs
above or below the melody line. mumbmofmnammymmbemod:ﬁedasa '

| _ﬁucuonofmemffmcempmnmweenmepiwhofmhmmymm the pitch of the

15 ingut vocal note. Becausemeharmonynotupmducedhaveumbresthatdtfferfromthe

m;;utvoalm meydonotsoundhkepnchshifwdvetsmsofthempmm,thereby
_ad:hngrahmtomeemnpomemd

A second alternative embodiment of the effect geummrawordmg to the present

mwennonluhowanIGUREm Haethetnmbreofahmynoﬁusnotmodtﬁedm

20 amamwrwdlfferenmmehmnonyvowfromﬂlempntvoxcebutumodxﬁedmaway
thnmmcshowamger'svmcechangesuthemgermgsh:gherorlowernmes
o mmuswnldfectgammrszorewmanmpmvowagmlfmmamgerand
malymtheugnaltodemmmenspmch Theeffectgmmrrwumastrwnofdmred
malodyorhammymunaMlchimmlSmmumdmthepm:hwwhmhthemput

25 wmlugmlslmuldbeshmed nedngxnlngnﬂpmeesmvnmintheeffectgmmmr

_ dmnanyamgnsanamountofumbmsh:ﬁwanmetobepmdueedurepmemdbythe
 biock 540. Preferably the digital signal processor compares the pitch of the desired note with
mepmhoftbcmputvocalsignalcoaeleuhowmuchumbreshlﬁshouldbeapphedmthe

pitch shifted output note. Forexample,theamoumofnmbteduﬁmayvaryhnurlywnh

30 the difference in pitch between the input vocal signal and the desired harmony or melody
note. Alternatively, step function may be used whereby the timbre doesn’t change until the
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function is initally set to equal twice the period of the associated
resanpl ed i nput signal _ ~ (exprgssed-in-sanpl es) at step 422. Next, the
pitch of the harnony note to be produced is ’ . conpared with the pitch
of the resanpled input signal at step 424. If the.pitch of the 10 _
harmony note is greater than the pitch of the resanpl ed i nput note, the DSP
proceeds to w096/22595t ep 426. At step 426, the DSP det er m neRCT/O49600026cr of
sem tone (x) the harnony noteg.. i s abgve a posij-tive threshold. In the
presently preferred enbodi mént of the inved&1on, the positive
threshold is set to zero semtones. At step 428, the length of the nmenory

buffer that stores the Hannjng w ndow used to create_ {he harnon
note is reduditgh B&WI%@M “F’eﬂ&PW&%%\“aM-Mi’%H‘%Q"B

né e
-results of t'ﬁﬁ%ﬁk@' dmount. Once the amount of timbre shift has been determined, the digitized
[err] ere x 1.s the nunber of semntones t he - har nony not’e i‘sh%bove

t he positi ve inpwt yocabsignalris resampled and: theroutput npte is ereated byweplicating-portions efshe

" educed by a PmpiR i 5o sk M e el FRRBEGY of e el ke ik

t o be cr¥®at edsideschibedbabavee pitch of the resanpl ed input note, the

the number of_semiparaive & e YRR sl ol e e phifal Hlh bl Wit ar n .-

1 n the presenisinger's vocal trapt, alieccressmplingivawi should be tslowen digint the eriginalo-simplidg rate 24-

Eglrn;)\tlvotnﬁz ?ﬁlﬂovy the! Biltgﬁ%é ﬁel i Qﬁml . | 'r. 'note.r:lf tlhﬁopﬁrrmn% uggt S
Wi nd;)yv funct imummmmmgmmwmgamma%mvm
equati on; . . . : err . .
ohore ol ¢ oten, A8 almagivgto GhBging the Hmbrr.ofa St hayed on the aBRUALF pitch $hift
har nony not e required, it is 1sd’fos§ibR4atb Vary dié tinBréBitkd 61 Bfanp & i8thé lbRdMiss 6N flingude

i nput note, then x = 5 and the | ength of the nmenory buffer that

hol ds the wi rvoealsignale tThedigital sigual pencessongnalyzes.the maguitude of the digjtized input vocal
5P 5% ) B T i kPR of 6 G Mo
menory avai | &h¢ timbre cauld be changed depending upon the length of time the input vocal signal has
1S beensung. Once the effect generator has determined the pitch of the input vocal signal, the
| digital signal processor starts an internal timer that keeps track of the length of time the pitch
remains within some redefined limits. The amount of timbre shift is selected as a function
of the length of time recorded by the timer. As will be appreciated by those skilled in the:
art, many different criteria could be used for controlling the amount of timbre shift to be
20 applied to note. - |
Using the effect generator shown in FIGURE 9B, the composite output signal sounds
more realistic because the notes 'sim_ulate the way the timbre of the note changes naturally
in a singer's voice as the pitch of a sung note is varied. .
_ Although the present invention has been described with respect to vocal harmony
25 generators, the present invention also has other uses. One example is as a voice disguisef,
where a user would speak into a microphone and an output signal having a different timbre
and/or pitch would be produced. If the output signal had a frequency one octave below the
input signal, a device could be built wherein the amount of pitch shift used in data
resampling is fixed and that requires only one windowed audio generator. Such a device
30 \vou-ldbe.useful for law enforcement to disguise the voice of witnesses or as part of an
answering machine 1o conceal the voice of the user. Alternatively, the present invention
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WTTUowW TUTTCT T oM TS0, the—tengtirof—tire—w .
maxi ‘mum anount of menory available to store t he wi ndow f uncti on.

| f the harnony note to be created is not below the negative threshold, the
| engt f - t he wi ndow function remains the sa lculated in
step %@ngsz After the length of the neno rTEglé'@ﬁ*%@f’m‘:‘i?hat hol ds
- the wi ndow function has been -.2galculated, the nenory buffer 134 is

filled wth the values of the window data. This is : acconpl i shed by
determ ning, at step 438, a ratio of the Iength of the buffer 141 (which is

¢ 28
CUT T eNoll BbERed b9 ridi6 shduakts Whotvidnt Bl Wiced sBAE e ﬁgﬁﬁn;“ o

432. This ratio_ s | used in step 440 to interp w dat a

For e»iRYiMien can WMWHWM@“&FM fmm mugicab énstryments.c sThet he

bUffermﬁ%ﬂtﬁeﬁﬁmsﬁiﬁﬁ# t&fhr !tﬁﬁd:ﬁ |ﬂr l 1 8 2.7
in the same nanner as the |nput VO S|girli€ I'S Tesa as X

FI GURRSOMer. 4B and "~ described above. ' A user can aI SO

B0 i § el el BpabolteP 0 ivEpip o e W bl (o, 134

1 f t hepiteh chifting follmﬁtbylhd pndnﬂnﬂmgfmm bathﬂ]:antm tlhavilldyel 0 i s set

Th vapaiscielel i Y 0% Dol couli s e v, TP the il pesals ersint (1o
ggmmmfm? 3 he ou!t u FHt“gwﬁ h Shl ftﬁrwiﬁfm%'o S
suppl i “’LG&" M%ﬂﬁ LPIG‘? ; &es3mpling , joperatecRsd t o t he
(tmr’rg grﬂ\{e audi owﬁ?%ﬁé@ﬁr?ﬁu&%&%ﬁ?ﬂm on of
meﬂndmhngerdnmﬂyconﬂolsﬁwfundamennlﬁeqnmyofthewmnompmagnﬂ
Thei efore, uisnecusarytocompmsateforthepmh shlftwhlchoecursasamltofﬂte
_ resainpling. For example, if the timbre shift control was set to malne a singer sound more
15 fem:le, thc:enmphngp:tch shifter lmghtadjust thepntch upwards by, say, 12%. If it was
desuedtoptoduceaumbreshlftedoutputsxgnalatafrequencyofmnz ‘then the pitch
_smﬁmthatopeummeordmgtoﬂw[mtmethod would havewbesettooutputaslgnal
mmaﬁmdmenm&equencyof«on 12 = 39286!-12 Ingenetal therelanonxs '
_ TSF = LF*PSR '
20 whe:e:
" 'TSF = the frequency of the ﬁmdamental pmch of ﬂae '
timbre shifted output signal; '
LF = the frequency of the fundamental pitch of the
outputngnalofthepm:h sluﬂermatopmmaccordmgtothe
- 25 S Lent method; and
PSR = the Pitch Shift Ratio of the resampling pitch
shifter. This is the ratio of (inpnt sample me)l(msampled'
'sampleme) . |
| The second issue is that the clock source for the harmony timer 340 as shown in
30  Figure 6 will be different. When the Lent method pitch shifter is the last step in the process,
this |imer is decremented at the sample rate of the system, for example 44.1 KHz in a system
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digital -to-anal og converter 215 that produces a nulti-voice anal og signal
that is the conbi-nation of..the input note and.harnony notes. As is
described in the '671 patent, the out put harnony notes are not
produced if the pitch recognition routine detects that a user has

sung a sibilant sound. Sibilart sounds are sounds such as "s," “"ch," "sh,"
etc. In or dMO96325925 the harnony notes to sound realist PETCARGO0026 ch of
these signals is not shifted. .If the pit.} recogni tion routine.
detects that the user has sung a sibilant“sound, the m cr opr ocessor sets
all the harnonies to be produced to be the sanme pitch of the input vocal

Thaut vocal peyille Coy ity SRS il Biiedhie o e itk g ARl L pip@Re |
i nput si gnala ctatimions streant ofpitch shiftefl taudiocat that cate.s Whea the Lestanethodopitchahifeer

gggratlon of the. rw%;@zg’g@ he %h%“ﬂ&f n&gr%nncélmﬁ'ft&tﬂgouﬁu{ {ﬂg

PCTfCA%/OO%'&rMOisclochedatme g rate. This ensures that the two proce

To prod ce nor nat [ soundi ng har noni es t an could he o a| n usin
ori or ﬁwmwﬂw&mm fgslmm 31?" gd

replicat es qmgpbél ,?,5,@3 h‘%’” r}gga,gﬂ; iteh
~a|ready pitch andtlnbres |fte s aresult te resanpllng Turﬁlgryg
now t o Fl QU o§zmyz gmmwmaﬁagw

shifisr continupysl
genorators 398%5‘%3"5‘?916”%% A0 Ea%%"ﬁ‘?f ethd Pltcd b bower

one har nony ratette keepethe resamplingipigh; shiften continpously supp ullltbdﬂagnal stored in
the megyry buffeifinine prfertd diibdiohkdt 6F wlGnvifiibn ﬁﬁtlﬁgn Rieraf Bhd Sélcribed,

it will be appreciated that various changes can be made therein without departing from the
_ spmt and scope of the invention. Therefore, the scope of the invention is to.be determined
~ solely from the following claims.
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"to the digital signal probessor'on a lead 162 and stored in a | ook up table
260. The | ook up table within the digital signal processor is used

to—deternrre=tire—fundanment-a—reqmemey—f m—te—eadﬁ—of—ﬁﬁe—IWﬂmw—ﬁe-t-es—

- Each harnony generator within the di gital signal processor produces one of

U oty BRI AR, 2, 2. s coscrroed

si gnal he Hanni.ng w ndow storéd in"thé * harnmony generator's
associ ated nenory buffer 134a, 134b.n4l34c, or 134d, at a rate equal 15

‘to the fundanental frequency of the har mony note to be created.

The dry audio signal and the output signal of each of the harm)ny
generators boﬁimemlz 2t Pentiof if Iehitl SpHivileg bl ock
210 that di\;}ﬁg t-he SI nafhg betvveerta aﬁ:égﬁmﬁd right channeélgI For
exanpl @ﬂlmm ny generator 220 is supplied to a mx er -

Izg?t '(I)'pez(r? rig 1?“‘/<§1'l%%*lganne{hl orrwt%@ﬁ?ﬁe ri gﬁwandﬁ?”?é gﬁtrjl g

channeltbe st@psoft ar | y, t he out puts of he harnony generators 230, 240

?Ecei iSQe?;ef% ?MWWMW% nesbeef'lal?'ﬁe harrrig‘?]t)clh °

si-gnal qafspr the left channel. Similarly, each of the mixers 224, 234, 244

and 254 feeds a tioon bl oc 7 that orrbl n nony
signal s f or TEHAED %W&M%&“Z" é‘?ﬁ&fgﬁ

processmrmd@mmismahe dry audio si gnal fromthe nenory- buffer 122

and applies it to a,nixer 284 that can ted. by,the user, i rect’
The dry | °° croainga; okl repescaaiion of, i Hmbreciiigd ouant sgmal by RPN *oudi o

Channelénm-amtofmﬂ@ﬂﬂwmﬁmmwm | the exsieted Begraéis ai S Shown
i ncluding four_ harnony generators, those skilled in the art wll

recognlt@ﬁmmmm?mﬁ% owspulisignal.coul d be provi ded 30
glepggfi'fgogggw BF BRating? ¥ Hrhb#k! Biech shiftédd 6aDEY mm&ﬂ & inf slewl tal
J c%mpnmgthestepsof

receiving a dlgml representation of an input signal that has been sampled at a first

rais;
creating a digital representation of a pitch shifted output signal by periodically
 exsacting a segment of the input signal and replicating the extracted scgments at a rate equal
tonfundammtalfrequencyofﬂ:epmhstuﬁedoutputﬂgnal and
uuﬁngadlginlrepmsenuumofﬁneumbmshmedoutpntsgnalbymmphngthe
dig’ital representation of the pitch shifted output signal at a second rate that differs from the
ﬁmme
3. ThemethodofClnmlor2 fmﬂlereompnmgthesmpofapplymgthedlgnal
re)resentation of the timbre shifted output signal to an digital-to-analog converter to convert
the: digital representation of the timbre shifted output signal to an analog representation of the
tinibre shifted output signal.
4, ThemeﬂlodofClmml wheremthemputsxgnalhasafundamentalfrequencyand
wﬂmnﬂieumbreshmedoumagnalhasafundammtalfrequmcymausthemneasthe
fundammtalfmquencyofthemputngnal
5. The method of Claim 1, wherein the input signal has a fundamental frequency and
wlierein the timbre shifted output signal has a fundamental frequency that is different than
th:: fundamental frequency of the input signal.
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WD 96/ 22592

_Fljg/mCﬁSGIng\(l)votzg FI. GURE 6, thre“““l“"l l"” "ll”&”'ﬂmct l.ons performed. t)ylgat:h of
t he har nony generat or s™*are shown : har nony -generators -

includes a plurality of * “wi ndowed audi o generators 300, 310, 320 and
330. Each \W@aes% audi o generat or operates to scalMMrrpl ed
i nput vocal si gnal by the Hanni ng wi ndow, as deseribed 5 above. A tiner
340 within the wi ndowed audi o gener at or -2 supplied with a value equal to
t he fundanent al frequency of the harnony note to be produced. The

fundanental fre I s, determ ned fromthe Ion up,table 260
(Shown i F6-GUREINE)ethost of Glairas h OF 3, WERA the e o receiving  dhgital epressntasion

cor;respondimmwm offien the tiner 340 counts down to
zero, a signal is sent to a w ndowed audio generator allocation bl ock 350

t hat | ooks for mmmmmmmai% sigmbrandor s 300, 310, 320 or

- 330 to begin th Mﬂi&%ﬁl%!?\ﬁﬁfm dnfaln? udi o
gener ator 300 |§pﬁl§ﬁkr n use er point ??Wh’emfr rs W oaded _

wi th the vapgonvert theanalog representation of thednputsignal to kdigitatrepresentationtof sheipputr y

buffer 128 where a conplete-cycle of the resanpl ed input vocal

. signal - that”?mlto be used in creating the har nony si gnal begins.

Next a w ndhw chhetmeﬂtﬂDbfrCﬂuhuaHedZwm thei input sigmal ti\a dotg produce By a

of the harnB ener at otr s associ‘ated nmenory buffer 134a, 134b, 134c, or

134d Finally a counter 306 is |oaded with the nunber of

sagl es ]thae alrauandhad)ofcmmd sl?tarwminmehmtﬁdnwmdowugatl ﬁn dThe |
nunmber of sanpl e t he, wi ndow functio y the ta
si gnal pro ssorft'M Qe“@i’?t@‘l‘é’daﬁﬂwts@og&fj% W"g“

| ocation 37 s ﬁhq;smf wi ndowed audi o gener at ors.

After the bu ferpor nter t he wi ndow poi nter 304, and counter 306 are

30
initialized, recciving,a digi nhm%mnoo mtmmﬂbﬁ has been sampled at

poi nt - by-p Iﬁﬁ? ‘%ﬁ mggah I
stored in ?hghés%tg‘gt ed h% er 12 aﬁ‘g the nn| ng Mi&aw
stored in M@F&MMW e@mmngemrtommmled thlmmh
applied to ggq

-creating a digital representation of the timbre shifned output vocal signal by
periodically extracting a segment of the resampled input vocal signal with a window function
and replicating the extracted segments at a rate equal to a fundamental frequency of the
output vocal signal,

10. A method of generating a timbre, plteh shifted output voeal signal fmm an mput vocal
~ signal, comprising the steps of: : : :
receiving a digital representation of the input vocal signal that has been sampled at
a first rate and creating a digital representation of the pitch shifted output vocal signal by
periodically extracting a segment of the input vocal signal with a window function and
replicating the extracted segments at a rate equal to a fundamental frequency of the output
vocal signal; and
creating a dlgltal representation of the timbre shifted output vocal signal by
resampling the digital representation of the pitch shifted output vocal signal at a second
sampling rate that is different from the first sampling rate.
11.  The method of Claims 9 or 10, wherein the step of receiving a digital representation
of the input vocal signal comprises the steps of:
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summat i on bl ock 372 that adds the output fromall the w ndowed audio
generators 300, 310, 25 320 and 330. After the nultiplication is

.conpl et ed, € pornters and 304 are aavanced ano te - counter—306"
i's dermented. Wen the counter 306 reaches zero and all the _
mul tipli cati ons have been peforned, the wi ndowed audi o generator signals

t he w: ' Wior allocation block pePichbedesist 1S -
avail abl'e to be lmm mwmngmn ndowed audi o generators 310, 320

and 330 operate IR e isame manner d?—the Wi ndovved audi o 30 generat or
300 WD 96/ 22592 '
PCT/ CA96/ 00026 - 19-

The timer 3mvhummm¢mmgfmeeuputwomm | ocation 262 (Fl GURE

I ocat I on SYW%%M an W %W@W@ ﬁ{%%@ogwg%s :

134 ar eomdetwﬂmammt Ithe apaleg crépresentation uofcthe input  vocul ngignalli tbf # rdigital not es

into the mcro As described above, for harnony notes
havi ng™® HFe 'ngb@nﬁﬁ/%"mm the input vocal S| gnal t he
Hanni ng2\Wi NyRd\miethod f ClhipiscHlod 10, Rarthercconipiising the| oDapplying tHeddigitl han,

_'Er\rllm'e(rzgfjt he, gerl odggf télmmn%m ﬁnalrwcéed to crg{é&t he Bar m)nz S|Ug\r/1vai "
i nput Wéhﬁb;ﬁ?e harrmny nowwwm output vosht 3§gnal & ah analegded.

. However, to cr tes having.a pitch greater than the prtch 10
. of tbewmb WWW&' -Hanni ng wi ndow i s 'short ened.

Ther ef t e the
155, The method Vocqug,ﬂfgr#;? 21100 it U ot VeRAL digna T . folfanfint

resanp
fremencyandthehmbreshlﬂedoutputvoealugmlhasafundamentalfrequencyﬂ\ansme

san ¢ as the fundamental frequency of the input vocal signal.
14.  The method of Claims 9or 10, wherein the input vocal signal has a fundamental
ﬁmuencymdmumbreﬂﬁfﬁedwtputvoulﬂgnalhuaﬁmdamumlfmqmcythans
d:ﬂmtﬁomtheﬁmdanmulfmqmyoﬂhemputvoalagml - :
15. The method of Claim 9, wherein the input vocal signal and the timbre shifted output
vmﬂagnalhaveaﬁmdammhlﬁaqmcymdwhuanmeswpofumnngasegmemof
ﬂwrenmpledmputvoalugnalfurﬂaetcompmesmestepsof 3
mungamndowfuncnmhawngadunumthatxsafuncuonofadxffumee
bammeﬁm&mmﬁqmcydmemputwammmmmmfmmcy
of ' he timbre shifted output vocal signal; and _ :
multiplying the window function and the digital representanon of the resampled input
votal signal together. ' - :
16.  The method of Claim 10, whmnthemputvocalsxgnahndmepnchsluﬁedoutput-
volalagmlhaveafnndamenulﬁequmcyandwheremthesﬁepofexmungasegmmtof'
the input vocal signal further comprises the steps of: :
gumnngawmdowﬁmchonhamgadmonﬂmisafumﬁonofadiffmnce
. belwemmemndmnlﬁequmyoﬁhemplnvoalagnﬂmdﬂwfundammnlﬁeqmcy'
" of the pitch shifted output vocal signal; and .
| muluplymgdlewmdowfuncnmandﬂledlgmlrepmunonofﬁmpmhsinﬁed
. ouput vocal signal together.
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only two wi ndowed audi o generators - The nusical eff erator
descri bed above applies—a-fixed mount of tl_r:dare shift.tao m& ﬂ I”m””m
shifted note: However, it is possible to dynamically vary the

tinbre shift 15 = to further increase the realismof a digitally processed
note. ~As indicated above, t he. nusi cal; ef f ect nerator of t he
present i nveWDi9%R28an be used’ with a karaoke systemg%

prerecorded nel ody and/or. harpony track. ernatively, . t he mel ody

or harnony notes can be received froma k&board of.from a conmput er.

Typically, the prerecorded nel ody or harrmny not es are transmtted to the

be prodaced W ﬁmﬂ@%ﬁ%ﬁ% | RO VL cightt. RBtpkenlton ' oHE Mo RS i ©
frolmtrc}e M Dljs ssored, inl aodifgi " wh tdraimﬂinjmﬂwliuﬁhﬂm talrepruenuhoh?fbe
The S0 1O 2 sl aaornﬁbﬁ?ﬁﬁ St ambes, AL FYciise SRk G1CF ORSpnE & musibe? of

Ho i f
wever, i Wmmof%WWWMBWszW S

usual ly required that the notes f transmtted on
their own M [hrthersomprising the steps of: In rmst i nstances, the M DI

control l-er suppl Y isfiing mnner th%YﬁumwofmﬁmyMBﬁeper

channel s to allow a separ to be used for each voice. A single

M DI . «yele dhancare jogeupied hye tak-representation ofithe inputyocabsigaal jf the second
Gener ator  hovp fase is feser h“‘?'%‘ SWS‘“ B D Ot et v o °!
mel ody or har nony stesing theCresamapled inpht,vocal: signaliinca fewep oumbéri of memary decations per
., POl Al ik Vi
PCT/ CA96/ 000 2ampling rate is slower than the first sampling rate.
18.  The method of Claim 10, wherein the dlgml representation of the puch shifted output
vocal signal is stored in a digital memory prior to resampling and wherein the digital
representation of the pitch shifted output signal comprises a number of cycles, each cycle
occupying a number of mmory locations, the step of resampling the digital representation
of the pitch shifted output vocal signal further comprises the steps of:
storing the resampled pitch shifted output vocal signal in a larger number of memory
locations per cycle than are occupied by the digital representation of the pitch shifted output
vocal signal if the second sampling rate is faster than the first sampling rate; and
storing the resampled pitch shifted output vocal signal in a fewer number of memory
locations per cycle than are occupied by the digital representation of the pitch shifted output
voealsigmlifthéséebnds_amp_linggarzisslowerthan the first sampling rate.
19. The method of Claim 9, wherein the step of resampling the input vocal signal is
performed by interpolating the digital representation of the input vocal signal.
20. The method of Claim 19, where the step of interpolating the digital representation of
the input vocal signal is performed using a linear interpolation. |
21.  Themethod of Claim 10, wherein the step of resampling the pitch shifted output vocal
signal is performed by interpolating the digital representation of the pitch shifted output vocal
22. The method of Claim 2], where the step of interpolating the digital representation of
the pitch shifted output vocal signal is performed using 2 lincar interpolation. |
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-20 - each note and defines how nuch tinbre shift to apply. -

- However, such a file would be difficult to construct and could not
Ye—constucted™tTTrTat—ti et he—netodyrarmony motes eTe et g
coded by a keyboard as the user sang. Therefore, there is a need for an
effect . generator that can receive the nelody or harnony notes on a
si ngl ‘ annel and assign 5 di fferent anounts Chdshppn shift to
t he no é/ls,w conprise the various voices. Pt A first
alternative enbodi ment of the presei2®-invention is shown in FIGJRE 9A. In
this enbodinent, all the nmelody or harnony notes that are to acconpany a
gi ven song are encoded on a single M D channel. The effect
gener ag®r i An ppsrasiTrof pratutingca timbre1shifted output signaldfromnanvinpat isignalssi gn t he
anount of t{inbre shift to the notes in real tinme. The hardware 10
requi rwm'rpl ement this enbodi nent of the invention is the sanme as shownr
in FI GURE descrl bed- above. However, the digital signal

processor O I's pro ram‘red |n a sligh di fferept ngn ;
The effect g PrOcessrfor (eeeiving & J‘Gé’rf‘ﬂmyﬂ“ Hﬂﬁ'}‘?ﬂ@fes on a

single :“%igh thé esippr d or
' corrputgs syste asafﬁe u?%ur;%f&r |ﬁgs mﬂu | ody or harm)ny notes are

read bijn tiadigitaljimeslory;i gnal processor and are ' autorratlcal I y assi gned
an anmount of _ti| ﬁhﬁ Rﬁ% _
automatlc t &%#ﬁ@é@ 'S 1 r@"! y progra n t he
digita aammmmwﬁmm.mwm or

har non note one or nore pitch thresholds. 20
Dependi/'ﬂ’ M%WW a nel ody or harnmony note is relative to the
t hreshol ds, a pitéh Wmohﬁmmmmmmwmmchﬁedmmedaidned or

pr epr ogr anme ruIe For ex le, if,there are,t not es
havi ng RFF'P&F‘H £ of the T e resampled) 1opi m _ i’%ﬁfﬁg 'ggat a .

rate Opxy n%bﬁtﬁahirriﬁ'&iuﬂ%ﬁsﬁlhﬁmﬁ! m*mmﬂlm shifted ompt be
resarrpl ed at arate of -2%and harnony notes bel ow both thresholds may be .

25 Plg%lrrp_led at a rate of +5%etc. O course, the anount of tinbre shift
ThY SRS T el of i, i il 01 1 on o 1T 1L
a microphone for converung mput signal into a eomspondmg electneal mput

signal; and .

_ an analog-w-dlgml convmer for sampling the electrical input signal at the first rate

mcmvuungﬂledecmcalmputngnﬂmmthedxgmlnmnumofﬂwmputagml

25, TheappanmsofClmmZS fntdtercompnsmg '
admnl-w-mﬂogeonvmtoconvenmedngmltepmemauon of the timbre shifted

oulputngnalmananalogrepmtanonofmenmbreshxﬁedoutputsxgml '

26. TheappammsofCh:mB funhercompnangacontrolforvamngmesecondmte

‘vhxdlﬂxemputagnalurenmpled

27. Theapparamsofdumﬁ whuunthepitchsluﬁetumaaegmemofﬂxe

mmphdmnmﬂbywﬂmgthemledmputngnﬂm&awmdowfuncmn

28 mappanmsofmamﬂwhuanpmhsmﬁamthetempledmpmagnal

'whu;ewuuowfuncnonmmmmshumomcmwmef.mdamenmfmqmcyof

the input signal. B _

29. TheappanmsofClumZ‘l whaemthemputsxgnalhasaﬁmdamumlfmqumcyand

the timbre shifted output signal has a fundamental frequency and wherein the pitch shifter

i Y




generator may by programed so that no tinmbre shift is applled to the

-notes. The on itch threshol ds nay be_predefined or may be
pr ogr ammed foe”lMH"H;l(!m”m"mEI udi ng “the one or nore threshold
notes as M Dl messages i nning of the MDI;..file that 30

acconpani es the song. V\D 96/ 22592

PCT/ CA96/ 0006 96r22592 PCT/CA96£0026 -

As an alternative.to conparing.the pltch of the nelody or harnony notes
with a pitch- threshol d, the autonmad@c tinbre assignnent block 515
may be inplenmented by programming = - the digital signal procesor to
conpare the pitch of the harnony note to the pItCh of a desired

nel ody note that m@nstfen adjusting 2 duration,of the dunctign tbasedswpan; 8 differencee

?;I ggt ?ﬁgere'%?‘g%t“ ‘gener at or W%ﬁﬂﬁ'mﬂ&%&g&t 0 et erm nﬁwgpect ggy
anount of pi timbreshifed outpytisigaal. t o produce the harnony note (assum ng
modi 7y he - B fpsaahi3cbt Gl 250 herel e maiy o8 ARG bhe SiadelCle e .,
t he expect edwmdourfumubnﬂm the duratiohidf ithe Wihdow if the fundamienta) ftequency of the
or enont o s AbOB R A R LB St el 3% ot s
pi tch of theincreases thedurativily of theawindéw ifurickion if the Tusdanichal feuéncy of te bR t O
imbre of. t rABERR QRGN SRBRIGS dekh thae the, Gyndpgnil requeacy of he taput Sgnal.’ | |
31. A system for creating a timbre shifted and/or pitch shifted output signal from an input
signal, comprising: o
mmforreeuwngadxgmqunesenmofmempmsxgnﬂmmhasbeensampled
at a first rate;
means for receiving a first reference note that defines a first desired fundamental
frequency of the timbre shifted output signal;
a comparator that performs an analysis of said reference note and selects a resampling
rate as a function of said analysis;
a digital signal processor that resamples the dtgxtal representation of the input signal
at the selected resampling rate; and
a pitch shifter for creating the timbre shifted output signal by periodically extracting
~ a segment of the resampled input signal and replicating the segments at a rate equal to the
fundamental frequency of the reference note. | _
32.  The system of Claim 31, wherein the comparator analyzes the reference note by
comparing the fundamental frequency of the reference note with one or more thresholds.
33.  The system of Claim 31, further compnsmg
means for determining the fundamental frequency of the input signal;
wherein the comparator analyzes the reference note by comparing said fundamental
. frequency of the reference note with said fundamental frequency of the input signal and
selects the resampling ralte as a function of the difference between said fundamental frequency
of the reference note and said fundamental frequency of the input signal.
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function of the difference in pitch between the pitch of the harnony note -
and the pitch of the 15 I nput vocal note. Because the harnony notes
produced have tinbres that aifrer TTom ThE——— —rmput—voca—Tote—they—eo
.not sound like pitch shifted versions of the input note, thereby

addling realismto the conposite sound. A second alternative
enbodiwenén@é2 t he ef fect generator according to the pfﬁﬁéﬂﬁmoozﬁ '
invention is shown in FIGURE 9B. Here the tinbre of a harnony note is not

- nmodified in 20 a manner to diffesddntiate the harnony voices fromthe

i nput voice but is rmdifiedinaiway _ that m mcs
voi ce changes as the singer sings higher or |ower notes. l mm’lﬁmﬂmﬂn“ﬁ‘
nusi caB4ef f The systeneof.Claim 30 further comprising:i nput vocal signal from avsinger

and _ ar alyzes the signal .to. deternmne its_pitch. The eff_ect :
gener at or r%’v& aﬂwgﬁp"?i smﬂﬁﬁ&!y‘ fopdamengales on a -

M Dl cheiaty;530 that i nd| cate the pitch to which the i nput 25 vocal
si gnal shoul d be tigl ftd. The di gl tal signal processor WI t h| n the effect
gener at or F’&rﬁm Aoteby com a note

to be peqskes wwmw 06 'wWith f..nd..g.. kﬁ%ﬁﬁf f the
digital signal processor conpares the pitch C % éﬁﬁ{ _

“the pi feftreage note and, selects; the sesampling rate s a-fup the shoul d

oron, Baflikdat iuesey of th o BE 5 it reBiey Y RE end ' 1 o1

bet weereferaaceingt®it vocal signal and the desired harnony or el ody

Qﬁ;ﬁge u;erg%lﬂrwgafm mw%mgﬁiwer ebty t h t | rrbr e doesn t
PCT/ CASigV 3 0Gmiprising: 22 -
' ‘means for receiving a digital representation of the input signal that has been sampled
ata ﬁrst rate; o
~ means for receiving a reference note that defines a desired fundamental frequency of
the limbre shified output signal; '
' - mnsforcalculanngthelengthofnmethemputsngnalhasbeenmved
a comparator that analyzes said length of time for which the input signal has been
reeewedmdselectsar&mphngmeasafmmnofsmdlengdmfum,
adxgltalugnalprocessorforresamphngthedlgmlrepmmon ofthemputslgnal
at s:1id selected resampling me, .
a pitch shifter for creating the timbre shifted: output signal by amactmg a segment of
the resampled input signal and replicating the segmems at a rate substanually equal to the
funclamental frequency of said reference note. ' ~ : :
36. A system for cmtmg a timbre shifted and/or pitch shifted output signal from an mput
signal, comprising: |
munsforreeuvmxadlgmlreprewntanon ofanmpmsngnalthathasbwnsampled
ataﬁrstme,
mennsforrecamgareferencenotethatdeﬁnsadwred fundamentalfrequencyof
the 'imbre shifted output signal;
a comparator that analyzes a magnitude of the digital representation of the input signal
and selectsaresamphngmeasafuncuonofthemgmtude,_
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pltch of the desired note differs fromthe pitch of the i nput vocal signal

Pl mbre shiTt has been datermned e di gl tized o~ inpat NI WHIII | l|||
is resanpled and the output note is created by replicating porti'ons ot the s

resanpl ed input note at a rate equal to the fundamental frequenCé of the
desi red out pwoosmaise2 5 as descri bed above. 26ve a
reallstlc tinmbre shift that mmcs the ph¥S|caI changes that take place in
a singer's vocal tract, the resanpling ra % shoul d 'bé sl ower than the

original sanpling rate ' for notes that have pltches hi gher than the

i nput vocal note. Conversely, the resanpllngm;ate ' gﬂhg,be faster

than the ori gi nala digital|signal proeessar dhat sesamples ﬁgﬂéwm

vocal 10 - a,g,%ﬁ '}ﬁE‘Mﬂ to changing the tinbre of a note based-
on the anoun df prtch's 8 required, it is also pqgssible to vary

the tinbre based mm@nmmw@ﬁ optput signal, by periodically, gxtragting

nput vocar & wbniet of Bl R Bl ot “Eplchlfe BBl ac ks ity

function of mmmmmeémmeMe ti nbre could be changed

depending upon the length of time the input vocal signal has 15 been
sung. Once the effect generator has determ ned the pitch of the input vocal
signal, the digital signal processor starts an internal tiner that -
keeps track of the length of tine the pitch. remains wthin sonme

redefined limts. The anmount of tinbre shift is selected as a function
of the length of tinme recorded by the tinmer. As will be apprciated by those

skilled in the art, many different criteria could be used for
controlling the amount of tinbre shift to be 20 applied to note.

Using the effect generator shown in FI GURE 9B, the conposite output signal
sounds nore realistic because the notes sinulate the way the tinbre
of the note changes naturally - . in a singer's voice as the pitch of a
sung note is varied. ' Al t hough the present invention has been
described with respect to vocal harnony 25  generators, the present -

invention also has other uses. One exanple is as a voice disguiser,

where a user would speak into a mcrophone and an output signal having a
different tinbre and/ or pitch would be produced. If the output
signal had a frequency one octave bel ow t he i nput signal, a device
could be built wherein the amount of pitch shift used in data

resanpling is fixed and that reqU|res only one w ndowed audi o generator
Such a device
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30 woul d be useful for |aw enforement to disguise the voice of w tnesses

or as part of an answeri ng machine to conceal the voice of the

USET. _AfTEernattvely, tihe presemt—TnventTon W96 22592
coul d be used by radi o announcers who want their voice to sound deeper. In
addition, the i nvention can be used with input notes that are

receivegv sical instrunments. The result of geicaekpdese shifting
conmbi ned w pitch shifting allows pne instrument to sound |ike

anot her. .5 Additionally, the preferred enbodi ment of the

invention first enploys the resanpling pitch shifting foll owed by

the pitch ghifting according to the Lent nethod. It wll be

appreci atef that the ¢82@rse process could al so be used, wher eby the out put
signals cr usi ng the Lent -§ggd are stored in a nmenory buffer
and resanp . ' ' shift the pitch. Each of the
met hods, L¢ 30Gr evi ousl y
descri bed. y the steps
in ter that
operates a
the fundanent al gyacncy of théqnmprall out put S|gnal Thegef or e,
it i.s necessay to conpensate for the pitch shift which occrs as a result of
t he resanpl i ng. For exanﬂﬁglélf t tinbre shift control was set to
make a singer sSound nore 15 f anpling pitch shifter m ght
adj ust thejpitch upwards by, say, 12% If it was .

32

32b 30b

Cae Csa | !

FIG. 1B.

_;‘/ﬂi’c

(84c Csc 2
FIG. 1C. '
32d
30d
Qe 84 i !
FIG. 1D.
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desired to produce a tinbre shifted output signal at a frequency of 440 Hz,

hen the pit Lfter that operates _according to the lLepnt nethod
woul d have to be set to output a with a fundanmental frequency of
44011. 12= 392.86 Hz. In general, the relation is:

TSF=LF* PSR 20 wher e: . TSF = the frequency of
t he funowowers2s2 pitch of the - t i mbrRCHEAS608026 out put

si gnal ; ' 12A1Z  the frequency of the fundanental
pitch of the _ out put signal of the pitch shifter that
operates according to the 25 : Lent nethod;. and

PSR = the Pitch Shift Ratio of the resanpling pitch
shifter. This is the ratio of (input sanple rate)/(resanpl ed

sanple rate). The second issue is that the clock source for
the harnmony timer 340 as shown in 30 Figure 6 will be different. Wen
the Lent nethod pitch shifter is the last step in the process, this
timer is decremented at the sanple rate of the system for exanple 44.1 KHz
in a system WD 96/ 22592 .

PCT/-CA96/ 00026 _ 24 -
~providing CD quality audio. This MW thyTa Lent nethod pitch -
shifter can provide : ' AT A FIRST RATE

* 52
STORE sMPLED WPUT |
SIGNAL IN 4 DIGITAL MEMORY

' 54
RESAMPLE STORED INPUT |/
SIGNAL AT A SECOND RATE

K ' 58
STORE RESAMPLED INPUT )
SIGNAL IN A DICITAL MEMORY |

) 4 58

REPLICATE PORTION OF RESAMPLED f
INPUT SIGNAL AT A RATE = FUNDAMENTAL
FREQUENCY OF DESIRED OUTPUT SIGNAL

FIG. 24.
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a continuous streamof pitch shifted audio at that rate. Wien the Lent

Nethet—pt-ehShifteere————505 56 Gmiei=6—0 Ut-Ptmmin—1-H 6 S ah PG
shifter, rather than directly to the output, the timer 340 is
cl ocked at the resanpling rate. This ensures that the two processes operate

in5 Qsﬂ.}.@ﬁ If the resanpling is occurring at a higher rate, as in
Figure Lent net hod mustgfg produci ng repﬁ‘i"@%&’é@“ﬂ!ﬂch

peri ods at a hi gher rate to keep the resanpling pitch shifter
continuously supplied with data. Simlarly, if the resanpling is occurring
at a | ower rate, as in Figure 4B, the Lent nmethod need only produce
replicated pitch periods at a | ower : rate to keep the resanpling
pitch shifter continuously supplied with data. 10 Wil e the
pref.erred enbodi nent of the |nvent|on has been illugfrated and descri bed,

it wll be appreciated that v oy q de therein w thout
departing fromthe Spi [ [SH ” i nvention. Therefore, the
scope of the invention is to solely fromthe follow ng

cl ai nms. WD 96/ 22592 .
PCT/ CA96/ 00026 - 25- The
enbodi nents of the inventi ' 7 ' ref8rty or privilege is
claimed are defined as fol{l oWFORELSAMPLED JNPUBVOSML cridating a tinbre shifted
out put signal from an inputNMWgMIFIRSDWEHMY@UFFER t eps of:

receiving a digital represemtetromr=ef—gmr—tmret—srgma] that has been sanpl ed
at a first

DETERMINE PITCH OF f -
INPUT VOCAL NOTE |

) 4 Iss
SELECT HARMONY NOTE(S)

' 68
DETERMINE PERCENT INCREASE OR |J
DECREASE IN DESIRED RESAMPLING RATE [ -

-70

RESAMPLE STORED INPUT VOCAL
NOTE AT DESIRED RESAMPLING RATE

¥ 72
WRITE RESAMPLED INPUT vocaL |
NOTE IN SECOND MEMORY BUFFER

‘ ' R
REPLICATE PORTION OF RESAMPLED s

. INPUT VOCAL NOTE AT RATE =
FUNDAMENTAL FREQUENCIES OF HARMONY NOTE(S)

FIG. 2B.
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rate; resanpling said digital. représent ation of the input signal at
a second rate that differs fromthe first rate- and _____creating. a

digital representation of the tinbre shifted output signal by periodically
exracting a segnent of the resanpled input signal and replicating the
extracted segnents at a rate equal to a fundanental frequency of the output
si gnal . wO961228%2 net hod of creating a tinbre, pitch shi {REICARKOP2E si gnal
froman input signal, conprising the sggfs of: receiving a digital
representation of an input signal that has been sanpled at a first rate;
creating a digital representation of a pitch shifted output signal by

periodically extracting a seggent of$t he i rm,ut Si o an(§repl I cating the
extraeted segments at a rﬂt.%g : ag=ncy of the pitch

shifted output signal; apd reati®y a o Sodesent ati on of the
tinbre shlsed out put signal by resarrpl I ng the di gltal reprentatlon of the

pitch shif [ﬂj Qut put signal_at he first
rate. 3. The nmethod of Cgim1l or & er corrpr_|5| ng the st ep of
applying fhe digital represe® a T 2 fnbre shifted outputfsignal to
an digital-to-anal og converte e di gltal regesenta ion of the
timbre shiftefl output signal to ‘ i mbre
shifted ohut pui skgnal . 4. Th nput
signal hag a {) frequenc | out put
si gnal hag (<] 1Y krent al
frequency |off the input sig aq%i bi n° t he
i nput signal| has a fundanent pl _ 5hi f t ed
out put signal jhas [a T undangn{ al t he
f undanent al f;fequency of tHe}lin
I
\
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VO 96/ 22592

P . B [ The
nmet hod of Claims 1 or 2, wherein the step of receiving a digital
representation of the input signal conprises the step of: recei ving
an anal og representation of the input signal; and appl yi ng t he

anal og Pg‘b tation-of the input sigpgd to an anal og-REH converter
to convert the anal og representation of the input signal to a digital
representation of the input signal. 7. . The method of Cains 1 or 2,

wherein the input signal is a note produced by a nusical instrunent. 8.
The nethod of Clains 1 or 2, wherein the input signal is a vocal note. 9.
A met hod of generating a tinbre shifted output vocal signal from an input
vocal signal, conprising the steps of: "~ receiving a digital
representation of the input vocal signal that has been sanpled at a first
rate and resanpling the digital representation of the input vocal signal at
a second sanpling rate different fromthe first sanpling rate to create -a
resanpl ed i nput vocal signal; and creating a digital representation
of the tinbre shifted output vocal signal by periodically extracting a
segnent of the resanpl ed input vocal signal with a wi ndow function and
replicating the extracted segnents at a rate equal to'a fundanental

frequency of the output vocal signal. 10. et hod o8 geRerating a tinbre,
pitch shifted output vocal signal from an{input vocal*]__] a.
. =
g
%, (=8
8 & e
_ ra VY
] e e
-
<= < [ .
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‘e jep -‘9“ .
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signal, conprising the steps of: receiving a digital representation

of the input ignal that has been sanpled at a first toiGmaehmm————
creating a digital representation of the pitch shifted output vocal signal
by periodically extracting a segnent of the input vocal signal with a
wi ndow function and replicating the extracted segnents at a rate equal

f undanery@bedage2quency of the output vocal signal; and ting a
digital representation of the tinbre st/12ed out put vocal signal by
resanpling the digital representation of the pitch shifted output vocal
signal at a second sanpling rate that is different fromthe first sanpling
rate. 11. The nethod of Clains 9 or 10, wherein the step of receiving a
digital representation of the input vocal signal conprises the steps of:
receiving an anal og representati on of the input vocal signal;and

appl'ying the anal og representation of the input vocal signal to an

-anal og-to-digital converter to convert the anal og representation of the

i nput vocal signal to a digital representation of the input vocal signal.

12.  The method of Clainms 9 or 10, further conprising the steps of applying
the digital

to a
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representation of the tinbre shifted output vocal signal to a
digrtat—to—amaror-tonve -t et—te—convert—i-hedigital—representation of the

tinbre shifted output vocal signal .to an anal og representati on of the
tinmbre shifted output vocal signal. 13. The nethod of Clains 9 or 10,

wher ei n“; [}e i?;}ut vocal signal has a fundanental frequency and the tinbre
shifted vocal signal has a fu[}%lgent al frequencyCF 026 he sanme as
t he fundamental frequency of the inp ocal signal. 14. The net hod of
Clainms 9 or 10, wherein the input vocal signal has a fundanental fraquency
and the tinbre shifited output vocal signal has a fundanental frequency that.
is different fromthe fundanental frequency of the input vocal signal. 15.
The nmethod of Claim9, wherein the input vocal signal and the tinbre
shifted output vocal signal have,a fundanental frequency and wherein the
step of extracting a segnent of ™ he resanpl ed i nput vocal §1gnal further

conprises the BpS o, oer laving. a
duration that iaya function a dlfference bet ween the ndanent a
frequency of the |nput vocal ¢ 8 pefgncy pf the
tinbre shiftd oufp  pl yi ng. ni_ndlow
function and thejd gltal npl ed vgcpl signal
together. 16 The Tethod ' J®Y signpl and
~the pitch shiftedl putpujss ; ndzhert al /T f elquengy] and -
wherein the stepjof ext ctlng a u the input ybcgl [signdl further
conpri ses the step$ of: g% o Te—wi-Rrde¥M=u¥ict i on fhavi gl a
duration that is}alfunctijon-ofl a dlfferene betvveen t he Fundanent]a
frequencyaof theli pput cal 4i gnal e—f-orretaieTTta requency bf the
pitch shifted oufppisvo A i dnall; S r b‘h\ ng—thle wi ndpw
function theel digthal e dserlt A Rel pi t ifted outpuk vocal
signal togetHh A A { 4&\
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b
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Th

t he i nput vocal
and wherein the digital

a nunber of c
_ré%%ﬁ%ﬂﬂﬁg t

further conprising the steps of:

step of

signal i
by the dig

in a l|larger

ital

si gnal

he digital

PCT/ CA96/ 00026

the digital representation of

‘is stored in a digital
representation of
each cycl e occupying a nunber of

Si
menor y

representatlon of the inp
8/1&toring the resanpl ed i nput vocal

nunber of nenory | ocations per
representation of the input vocal
sanpling rate is faster than the first sanpling rate;

si gnal

cycle than
| if th
and

menory prior to resanpling
t he i nput vocal

gnal
| ocati ons,
gnal

conpri ses
t he

are occupi ed
e second

storing
Ly

t he resanpl ed i nput vocal signal in a fewer nunber of nenory | i ons per
cycle than are =T Wr21E§?T S ppt—yQcal
si gnal |ftheégo*: f | ;ﬁg‘féé ?\QE?E mg rrrE L olingrate.
18.  The nethﬁaofCTalnlq%zméﬂimﬁhE the digital representat of the
pitch shifted output vocal stored in a digital ne eﬂ& prior to
resanpl i ngramd—wWheT e T The _argrtal  representation ol the pit ghifted
.out put si.ghal. conpri ses u i ”@mMe occupyi ng a nunber
of nmenory ocanzgﬁﬁ ﬁY? epiq the dfgital repregentation of
the pitch ghif pcal conprises the steps of:
storing thg resanple; p{} i gnal in a Jarger nunber
of nmenory | | ocagterstpet by t he. dlglta
representa}ion dﬂuﬂﬁﬂﬁﬂﬂﬁ& sTgnar t he second
sanpling rhte iS ras§e he T1rst ht e; and storing
the resanp] ed pitch ghi ' i p a fewer nufber .of nenory
| ocations per cycle {heé ifal reprjesenjation of the
pitch shiffed output] \ fanplingl ratg is slower
than the f}jrst sanpl|{nd rjate C
. . 310
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BUFFER PTR | "
: 314
—! |NINDOX PTR X
370 315
Ho. o COUNTER i
POiTS I¥ EARMONY OUT
FINDOW X ->
N 2 o ﬂ
BUPER PRRp—— |
— 32
» |WINDOY PIR X
: fi”
couNtER |
330
33
BUFFER PIR| -
334
» (NINDOY PIR; X
336
COUNTER :

FIG.

SUBSTITUTE SHEET

|
1

6.



- 19. The nethod of Claim9, wherein the step of resanpling the input vocal
Si-ghal i s pekdfgimrBad-by i-nterpol atisag-th =t $ —t-

i nput .vocal signal. 20. The net hod of Cl.aim 19, where the step of
interpolating the digital representation of the input vocal signal is
performed using a liner interpolation. 21.. . The neth i.m 10,
wher ei n WOSAPR, of resanpling the pitch,shifted output gnal is
performed by ‘interpolating the digiteHQQEpresentation of the pitch shifted
.output vocal signal. 22. The nethod of C aim 21, where the step of
interpolating the digital representation of the pitch shifted output vocal

signal is performed using a |linear interpolation. 7 WO 96/ 22592
PCT/ CA96/ 00026 ' - 29- 23. An
apparatus for producing a tinbre shifted output signal from an input

si gnal , ' a digital nenory; a digital signal processor for

reciving a digital representation of the input signal that. has been sanpl ed
at a first rate and for storing _the digital representati on of the input
signal int e digital memory; 4010~ 401b2n401G) resarg#fhg digital |
representation of the input signal Yhat i\s stoked inthe

RV i

22 >
01b
06

FIG. 7A.

tmsa_ + tmb + t4’06(: + t406dl

FIG. 7B.
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digital menory at a second rate that differs fromthe first rate, and for

storing th resangpled input signal _in_the digital nmenory; and a

pitch shifter for creating a digital representation of the tinbre shifted
out put signal by periodicaly extracting a segnent of the resanpled input
signal and replicating the extracted segnents at a rate equal to a

f undanenwessi2s9uency of the tinbre shifted output 24 PCTICAOER0WR M ar at us of
Claim 23, further conpri sing: alafMzr ophone for converting the input
'signal into a corresponding electrical input signal; and an

anal og-to-digital converter for sanpling the electrical input signal at the
first rate and converting the electrical input signal into the digital
rpresentation of the input signal. 25. The apparatus of Caim 23,
further conprising: a digital-to-anal og converter to convert the
digital representation of the tinbre shifted output signal to an anal og
representation of the tinbre shifted output signal. 26. Th appar at us of
Clai'm 23, further conprising a control for varying the second rate at

whi ch the input signal is resanpled. ' 27. The apparatus of Claim 23,
wherein the pitch shifter extract a segnent of the rasanpled input signal
by scaling the resanpled input signal with a wi ndow function. 28. The
apparatus of Caim 27, wherein pitch shifter scales the resanpled input
signal with the window function at a rate that is harnonic related to the.
fundanmental frequency of the input signal. 29. Th apparatus of O aim
27, wherein the input signal has a fundanental frequency and the tinbre
shifted output signal has a fundanmental frequency and wherein the pitch
shifter further conpfTses: ' :

[ | 4t
ajbleld|« .- - X\x
0123 255

| ri34
a’lble’ld] | §
0 .9 1827 '

FIG. 8.
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WD 96/ 22592
PCT/ CA96/ 00026

20

nmeans for adjusting a duration of the window function based upon a

di fference between the fundamental frequency of the input signa['and'the
fundanental frequency of the tinbre shifted output signal. 30. The
appar at owo 8622842ai m 29, wherein the neans for adjusting $on of the

‘Wi ndow function decreases the durationlfl2t he wi ndow i f the fundanent al
frequency of the tinbre shifted output signal is greater than the
fundanental frequency of the input signal and increases the duration of the
wi ndow function if the fundanental frequency of the tinbre shifted output

signal is less than the fundanental frequency of the input signal. 31. A
systemfor creating a tinbre shifted and/or pitch shifted output signal
froman input signal, conpri si ng: nmeans for receiving a digita
representation of the I nput S| _ ol ed at a first rate;
means for receiving a first rpbéd ﬂ“ﬂ%’ﬂﬁﬂ@f o) défines a first desired
fuundament al frequency of the |9HHEHEH“WEHEDJUW t signal; a

conpar ator that performs an a1aM0!§HfBEHMWEBfrence note and selects a
resanpling rate as a function® v a digital signal,
processor that r'cresentatlor of the input signal at

resanpl es the d|Q|taI Y
the sel ected resanpling rate; jpipg ’
tinbre shifted output signa 7
resanpl ed i nput signal and [eD
f undanent a

> PITCH OF INPOT
H%TE

{f r for creating the
: ng a segment of the

 at a rate equal to the
The system of C ai m 31,

‘ﬂ@z ! c426
DETERMINE X N0. OF SEMTTONES DETERMINE X NO. OF SEMITONES
BELOY NECATIVE THRESHOLD ABOVE POSITIVE THRESHOLD
LS | qm
INCREASE LENCTH OF REDUCE LENCTH OF
HANNING WINDON BY 2*%/12 BuNING wpow By 27%/12
IS - 438
N DETERMINE RATIO OF STORED
? WINDOY/LENCTH OF NEW FWINDOK
-‘ 9#0_'
36 -
_ INTERPOLATE WINDOY FUNCTION
LENGTH OF HANNING T0 FIT IN MEMORY BUFFER
WINDOW = HAY LENCTH
Y cHe
DETERMINE VOLUME RATIO
| aad
MULTIPLY BACH VALUE IN

FIG. 8B.
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corrpari-ng the fundanental frequency of the reference note with one or nore

t hreshol ds. 33 The system of Cealm 31 duit-frer—ecorptrsTy: means
for determning the fundanental frequency of the input signal;

wherein the conparator analyzes the reference note by conparing said
fundanmental frequency of the reference note with said mﬂl frequency
of the {wo®eh2se2 gnal and selects the resanpling rate as a tunction of the

di fference between said fundanental fiRétiency of the reference note and

sai d fundanental frequency of the input signal. g} 6/ 22592

PCT/ CA95/ 00026 481 34, The
system of Claim31, further cq I Si ng: means,kr(recei ving a
second reference note that defifies a secondnpi.wdanent al frequency;

wherein the conparator anal yZes the ref erﬁm%t by conparing said -
fundanment al frequengyai@pusgl d first refet ' t h said fundanent al
frequency of the o,.;“-....=.:_r.._...,.- eC he resal | ng rate as a
functlonmﬂw L i e BTl TR g ey ;

r ef er engconirt 5

35. - & i it
Si gnal oot

Pitch and Timbre —jp- ToNO!

w’ Shifter Harmony

/ Pitch Shift
Control )

' | Timbre-adjusted

Pitch g:gmbre-—)Hamony -

Fegp 9%,
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signal, conprising: neans for receiving adigital representathon of

the_l_n.p.u.T__SJ_g.n.aJ_mahh.as_he.en._s_irml ed at g first rate: ____neans for
receiving a reference note that defines a desired fundament al frequency of
the tinbre shifted output signal; means for cal cul gigeg the | ength

l

. of tinme the input signal has been recei ved; - “a- conpigi mi t hat

~anal yzes sa ngt h of wmmmwwudﬂl gnal h3 ':4 en received

. and sel ectsgqgsanpl ing rate as™HmMEEMY of said | ength of tine;

cadi QMWLMMQMMHWWMBAWG@M@KMWWW t he

MW%WIS@Cted resarr m%ﬁg@m"_ﬂw a Py odriisos§r
put sl gna

nbre shifted qﬁ‘t extracting a segnent of
signal and rjep (muummumgmes at 25 Inlp1996 (25.07.96)

SUp . Y "l- o the—foumdamentg—fTe UBIIL Uﬁsarru rerererice Tot

1

36 &nmmammu ng PamCAIw0zs | 1) NCeibisk, M “{%_W

Si J t si ?]ﬁ| r 4 i{Ng:  British Colunlbls V663 ;Q@ure erving a

di represgn@ %IOI’] g M’? ifgnal that has been sanpled at a fifst.
rrfEeP& means for recei VI ng a re}‘(ﬁ{ence not e t hat defl nes ) a desi red
fu H%?g;ﬁ'qreque re,sh Ml"“‘-:&

CcO rator at an§ s’%%rmgdrgftu ﬁl(ﬁL m[mqéuﬁﬂé%maxj‘mhe
inputmnal and sel ects a resanpl i nc exag‘ U, LUrMD, MN. MW, N, Plude
(60) Application or Grant PT, RO, RU, SD, SE, §G, SI, SK, T3, 'm.'m. , UA,
(63) Related by Continuation : UG, US, Uz, VN, patent (KE, LS, MW, SD, SZ,

us 08/374,110 (CIP) UG), Buropean patent (AT, BE, CH, DE, DK, ES, FR, GB,

Filed on 18 January 1995 (18.01.95) GR, IE, IT, LU, MC, NL, PT, SE), OAPI patent (BF, BI,

: _ CF, CG, Cl, CM, GA, GN, ML, MR, NE, SN, TD, TG).

(71) Applicant (for all designased States except US:: IVL TECH- |
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