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llBIBOD AND APPAllATUS POil OIANOING TBB TDIBll'B 
AND/Oll PlTCB OP AUDIO SIGNALS 

5 PIBU> OP TBB JNVBN'DON 

Tbe Pll llftt invention !elates pnaally 10 e1ectmDic audio effects and in particlllar to 

musical effects tbat shift the timbre IDd/or pitdl of audio sipals. 

BACK'GltOOllD OP TBB 1NVBNTION 

10 Jn any periodic muica1 note, there ii a fundamllUIJ bquency dial deCennlnes the 

partic:ulu pitch of the note, u well u numerous bannonlcs which provide cbmcter or 
timbre to the note. n is the particular combination of the harmonic frequencies with the 

fundamental fnquency that make, for ewnp1e, a pitar and a violin playing the .._ note 

IOUlld diffamt from one IDOther. The te1ationsbip of the amplitude of the fundamental 

15 fnqucncy component to the amplitudes of the harmonics created by an instrument or voice, 

is refeued 10 IS the specbal envelope. In a musical inllrumellt such IS a phar, flute, or 
mophone, tbe spectral envelope of a note played by the instrument expands and c:ontl'ICIS 

mme or less pmportionally as the pitch of the note is shifted up or down. 

Eectronic 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 recordin& the IOUlld from the instrument and playing back the sampled and mxmled 

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 natural because the specual envelope 

2S of the pitch shiftal sounds mimics how the spectral envc:lope of the sounds produced by the 

instrument varies with pitch. 

Jn contrast 1D notes pmducecl by musical instnaments, the spectnl envelope of vocal 

notes or sov.nds does not vary pmportionally u 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 became 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 ftmdamemal 

frequency while only slightly varying the overall shape of the spectlal envelope. 

SUBSTITUTE SHEET 



W0"'22592 

-2-

A . device that shifts the pitch of vocal notes to create harmonies in real time is 

described in our prior U.S. Patent No. S,231,671 (the • '671 patent•). 1be method of pitch 

shifting described in. tbe '671 patent was adapted from an article, Lent, IC. •An Efficient 

Method for Pitch Shifting Digi1ally Sampled Sounds,• Complller Music Journal, Volume 13, 

5 No. 4, (1989) (the •1..ent method•). nae Lent method allows the pitch of a digitally sampled 

· sound to be shifted without changing the spectral envelope. Briefly stated, the Lent metJmd 
can be used to shift the pitch of a vocal note by zeplicating portions of a stoled input signil 

at a iate that is faster or slower than the fundamental frequency input note. While thjs 

method of. shifting the pitch of vocal notes works well, the pitch shifted notes do no~ s0und 
10 completely natural, because the specuaJ envelope remains fixed as the pitches of the notes 

are varied. 

As described above, there are ·two methods of electronically shifting the pitch of a 

· note. ne first meahod, referred to as resamPling, modiries the spectral envelope in 

proportion to the amount of pitch shift. The second, Lent method more or less maintains the 

lS spectml envelope regardless of the amount of pitch shift. Neither of these two methods allow 

the specbal envelope to be varied in a controllable manner. Thaefore, there is a need for 

a method of altering the spectlal envelope of a musical note that is not dependent on the pitch 

of a note. With such a method, more ralistic harmonies can be created. In addition, by 

chan&inl the timbre of the note with or without changing the output pitch, it is possible to 

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

SUMMAllY OP 1118 JNVBNTION 

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 accordin& to the Lent method. In the preferred embodiment, 

the input ailaal is sampled at a first zate, and the resulting digital representation is stmed in 

. a memory buffer. 1be. stored di&ital input signal is then rcsampled at a second rate that is 

detcrmincd 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 resamp1ed 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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the : ~te at which the mampled· input signal is scaled with the window fUllclion is the same 

as the fundamen1al frequency Of the input note. If it is desired to Change ·the pitch of the 

out): ut note as well as its tilnme, then the rare at which· the fesampled. input· signal is scaled 

wit11 the windoW ·tuncdon. di• frOm the fundamental •fmquency ·of the·mput note.. 

s According to another aspect of the inveniioil, ID effect geneiator is disclosed that can 

mocl ify tlie timbre and/or pitch of ID input audio slpal to match a ~tch nceiwid on a MIDI · 
elm nel. Pmfetably ~ the effect ·genaaror is used with a MIDI ki.raoke system· that ·provides 

a m 12111 of melody .,.. harmony notes to the effect pnemor. ·The effect· genezator reads the 

DOtf. s on the MIDI channel and autmnatically assigns the note Ill amount of timbre shift. The 

10 assiJ :nment can be· made by comparing the pitch of· the harmony note with· c>ne or more 
thre: lholds or with the pitch of an input audio signal received from a user of the karaoke 

systt ~m. 1be amount· of timbre issigned to each note can inake the harmony notes sound 
diffi tent from the input audio signal or can mimic how the input audio signal would. change 

if II ised or lowered in pitch. 

15 

BRI~ nmcRD'ftON·op TBB DRAWINGS 

The fcngoing ·aspects and many of the attendant adVantages of Ibis invention will 

becc: me· more readily appreciated as the lame becomes better understood by reference to the 

follr. wing detailed description, when taken in conjunction with the lcco~ying drawings, 

20 whe'ein: 

FIGUllS lA-lD are representative graphs of the spectra of vocal sipals showing 

how the spectral envelopes change as a mult of prior art timble/pitch shifting techniques as 

well as the timbre/pitch shifting technique of the present invention; 

FIGURE 2A is a flow chart of the iteps performed by the present invention to ~ft 
. . 

2S · · the 1 imbie and/or pitch of an. input note; 
. . 

FIGURE 2B is a flow chart of the steps performed by the present invention to create 

timbre shifted, harmony nou;s from an inpu~ vocal ·note; 

FIGURE 3 is a block diagram of a musical effect generator ·for Pnxlucing vocal 

ham 1onies according to the method· of the present ·invendon; 
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FIGURE 4A and FIGURE 4B ate graphs and corraponcling diagrammatic memory 

charts showina•.ho• an input vocal sipal is resampled accordinl to step of the method of the 

present invention; 

FIGURE S is a block diqram showiftc the functions performed by a digital signal 

S processor that is pmpammecl accordiq to the meahod of the present invention; 

FIGURE 6 is a block diagram showing the functions performed by a windowed audio 

1enemtor unit within the digital signal processor; 

FIGURES 7 A and 7B ate a graphic ~iesentations of the method of shifting the pitch 

of a di&itally sampled vocal sipal accordin& to the present invention; 

10 FIGURES IA and 8B show how a Hanning window is created and stored in memory 

in the method of the prelent invention; and 

FIGURB 9A and 9B are block diagrams of music effects that dynamically select the 

amount of timbre shift that is applied to a note. 

lS DBl"AIIB> DBSCRIPnON OF THE PREPBllRBD EMBODIMBNT 

1be present invention provides a system for shifting the timbre of a note in a way that 

IOUnds mmc iealistic 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 woman. In addition to shifting the timbre of a 

note, the method of the piesent invention can be used to ~ge the pitch and timbre of a 

note. For example, the present invention can be used to make a note sung by a woman 

sound like another note sung. by a man. Finally, the presendy preferred embodiment of the 

invention is used to create timbre shifted, harmony notes from an input note. Although the 

following description is primarily directed to producing harmony notes from an input vocal 

. note, it will be realiqd that the nOte need not be a vocal note but may be produced from any 

source, and the oulpUt note need not be different from or harmo~ious with the input pitch. 

FIGURES lA-lD 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 IA shows a freq~y spectrum 30a that is representative of a 

typical vocal note. The overall shape of the spectrum is defmed by one or more forman~ 
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or peaks 32a. Th~ chancter or timbre of'thC vocal note is defiDed by the relative magnitude 

. m I position of the fundamental fiequency of the note and the bannonics (repiesented by the 

anows 34a). 

To shift realistically the pitch of a vocal note, it is neces.,Y to shift the fUndammtal 
s . fDi quency ·of a ·note while mailltaining the formants of the· Spectrum clOle to those of the 

ori pnat vocal note. PIGuD lB shows a spectrUlll 30b of a pitch shifted voc:&t note that. is 

a 111~ fifth below tbe note associated with the spectrum shown.in FIGURE IA. The note 

as: roc;atr.d with the spectrum 3CJb was Cftiated by ·slowing the PlaYtJact. rate of the sampled 

or. .ginal vocal note. As can be .ee., *= entire spectral envelope detlned by the formants 32b 

10 as Wen as the individual harmonics 34b is compressed and shifted to a lowei frequency. The 

~hilt of shifting the formants makes the pitch shifted vocal note sound unnatural. 

FIGURE lC shows a Spectrum 30c of a pitch shifted vocal note that is a musical fifth 

be low the note associated with spectrum shown in FIGURE IA and which was generated in 

ac:conlance with the methOd set forth in the '671 patent. ~ pitch shifted vocal note 

15 u soc.iated with the Spectrum 30c• ~ CRated by replicatin1 a portion of the input vocal note 

at a l8fe that is slower thin the ftlndamental frequency of the original input vocal note. In 
. . . 

th= spectrum 30c, ~Y the frequel'lcies of the harmonics 34c have cmnPct, as ·described in 

· tl'J a '671 patent. 1be oveml1 shape of the spectnim reinains the same as the spectrum shown 

in. FIGURE IA. The pitch shifted Vocal note associated with the spectrum 30c sounds more 

20 m !Ural than the J)iich shifted vocal note produCed by the note assodated with the 

SJ ectnim 30b shown in PIGURE ·1n. However,: the piteh shifted vocal note does not sound 

a 1mpletely natural. Pitch shifted vocal notes produced by tbe method descdbed in the '671 

p ltmt tend to have tiliabres that am .Yer'J similar to the input vOcal sipal !mm which they 

ai e cftated. Therefore, all the pitch shifted Vocal notes sound Jilce altemcl variations of the 

01iginal. 

To alter the timbre of a note in a mnner that touncls· realistic, the present invention 

u tea a novel combination of~ pitch shifting, Whereby the playback rate of thO vocal 

n :>te is alteled, and the method described in the '671 patent. The resUlt is a timbre ~ 
. -

n * that can be made to sound deeper and mme mlsculine, or hilbe.r and men feminine. 

30 FIGURE lD shows a spectrum 30d of a pitch shifted vOcal note having a frequency 

t1 iat is a musical fifth below the input. vocal note a.uoeiated with the spectnUll shown in 

suasnrum sHecr 
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FIGURB lA, and which wis pnmated in acccmlance with the present invention. As will 

be described in further detail, the pitch shifted vocal note corresponding to the spectrum 30d 

wu obtained by zesampling the pmiously stored input vocal note at a rate that is slightly 

slower than tile original. sampling rate and storing the resampled data in a memory buffer. 

A portion of the· resampled data is then replicated at a rate equal to the fundamental 

frequency of the musical fifth below the pitch of the input note. As can be seen, the · 

spectrum 30d is slightly c:ompreaed b.-t similar to the original spectrum 30a. nae result is 

a pitch shifted vocal .note that sounds natural but not like a replicated version of the original 

input note. 
10 1be nuvor steps of the present invention to create a timbre and/or pitch shifted output 

sipa1 from an input signal are set forth in the flowchart shown in FIGURE 2A. nae method 

begins at step 50 where an input signal is sampled at a fint rate by a inalog-to-digital 

converter. The input signal may be produced from a musical 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 

IS a digital source such as a synthesizer. After sampling the input signal, the c:onaponding 

di&ifal representation of the input signal is stoled in a digital memory at step 52. Next, the 

stored input sipa1 is zesampled at a second rate that differs from the first mte at which the 

input signal was originally sampled. '11le resampling rate may be fixed at some percentage 

greater than or less than the original sampling rate. Alternatively, the resampling rate may 

20 be selected by the user. 

The resamplecl data is stored in a digital memory at step 56. Finally, the timbre 

shifted output sipal is pmduced at step SB by replicating a portion of the resampled data at 

a ram equal to the fundamental hquency of the desiml output signal. For example, if it is . 

only desired to cbanp 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 deshed to change the timbre and pitch of the input signal, in which 

case the me at which the portion of the resampled data is replicated is not the same as the 
~ . 

fundamental frequency of the input sipal. Finally, for the case in which the method of the 

present invendon 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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In the cunent implemen1ation.•of the invention, the timbJe shifting technique ii·used 

to c n=ate harmony notes from input vocal notes •I 'by a U.. 1berefom; although the 

foll >Wing description is directed to producing timbre shifted, vocal harlllony notes, it. will be 

1pJ1 reciatcd that the method of the pment invention can ilso be used to vary only the tiinbre 

S of 1 an inpui signal or ~ vary tbe dmbm ·and pitch of an inPut sipal in a way that ·is not 

hir miic:ally ~ to the pi1cb of the input ·signal. 

FIGURE 2B is a flow cbart of the major steps perfoi"med in the pftlslnt invention to 

pni duce timbre shifted, Vocal hmnonies. Tbe method begins at step 60 Wherein the analog 

iDJI at vocal note is sampled and digitized at a first rate. At step 62, the digital samples are 

10 stoled in a first memory buffer. At step 64, the stored sampleS are analyZed to determine 

the pitch of the input vocal note. After the pitch has. been determined, Ille harmony notes 

to be produced with the input vocal nOte are selected at step 66. The particular tiannony 

no es produced for a given input note may be preprogrammed, individually selected by a 

mt'", or may be receiVed ftom an external source such as a synthesim, a ·sequencer, or an 

15 ex1 anal stmage deVice such' aS a computer disk, a laser disk, etc~ 

After the harmony notes am selected, the 1*cent increaie or declease of the sampling 

mt e that has been· selected by a·. Uei' is determined at step 68. The salnpliag rate may be 

int nasccl to giVe the harmony notes a men feminine quality, or decnllSed to produce 

hi rmony notes with a more masculine sound. 

20 At step 70, the cllpm.ed input vocal note that was stored in step 62 ii resamplCd ai · 

th~ new rate selected by the user. 'The nsampled c1a11.· is stored in a second memory buffer. 

F4ir example, if the user ·his sdectecl to decnme in the sampling ·rate, then there will be 

fewer data samples in the· second memory buffer, thereby clecJeasiDg· the amount· of memory 

ni quired to store the digitiztd input vocal note. Similarly, if the user bas selected to increase 

25 th D sampling rate, the data of the first buffer will be resampled at a higher nte ·than the rate 

811 which the data weie ~y sampled, thereby requiring ~ S8J11Ples and increasing. 

t11 e amount of memory !ell*-' to· stole the digitized input Vocal. note in the: silc;ond buffer. 

11 'ilh the data occupyiDa more memcny space, the pitda of the note will be loWered, ass&Jming 

ti at the rate at which the sampleS are md from memmy remains ·the same. 

30 1be mampled data is stored in a second memory buffer at step 72. Finally, the 

h umony notes are created at step 74 by replicating portions of· the iesampled input vocal 
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note at rates that are equal to the fundamental frequencies of the harmony notes selected in 

step 66. 

Turning now to FIGURB 3. a musical effect generator 100 that· produces tinlbre 

shifted, harmony notes accorcliq to the method of the pment invention receives an input 
. ·. ·. 

S · Weal note lOS that is sung by a lilCr. In pnaal, the effect pnerator has a microprocessor 
. . 

or CPU 138 that is interfaced with a digital lipa1 processor (DSP) 180 and random access 

memory (llAM) 121 to produce a !'°mber of harmony notes lOSa, lOSb, lOSc. and lOSd that 

are combined with the input vocal note to produce a multi-voice output, as described in detail 

below. 

10 The mic:mproceasor 138 includes its own read only memory (ROM) 140 and mndom 

access memory (RAM) 144. A set of inJ>ut controls 148 are coupled to the microprocessor 

to allow a user to vary the operating parameters of ·the musical effect generator. These 

parameters include selecting which harmony notes will be produced for a given input note 

and the dislribulion of the harmony notes between a right and left stemo channel. 

15 A set of displ&ys ISO are operated by the micropnjcessor. The displays provide a 

visual indication of how the effect generator is operatini and what options have been selected 

by the user. One or more MIDI ports 154 are coupled to the ~ to allow the 

effect pne:nator to :receive MIDI data from other MIDI-compatible instruments or effects. 

1be details of a MIDI pon are well known to those of ordinary skill in the an and therefore 

20 need not be discussed in further detail. 

Finally, the effect genmator includes a pair of 11gender shift• controls 156. The 

gender shift controls allow a user_ to select the amount of resampling pit.ch shift that will be 

applied to each harmony note producect The operation of the gender shift controls is more 

fully discussed below. 

2' The digital signal .pmcessor 180 is a specialirecl computer chip that performs a variety 

of functions. The pmpam code to Operate the digital signal processor resides in a ROM 141 

that is part of the ROM 140 coupled to the microprocessor. · Upon startup of the effect 

generator, the microproceuor 138 loads the digital signal processor with the approptjate 

computer program to genmare the harmony notes 8ccording to the method of the present 

30 invention. 
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1be effect generator 100 includes a· microphone 110 that mcmves the user's input 

VOCI l note and converts it to a comsponding analog electrical vocal sipal. The input vacal 

sigml is also refened to as the •c!ry• audio sipal. The input vocal signal is supplied to a 
. . 

low ~ filter 114 that JemDVeS any high fmlueDcy. atraneous noise. 1be filtefed input. 

5 WCI l -- is tranmliaed to • analog-to-diaital (AID) caavertei 118 that periodicany 
_.Bies the input Vocal sipa1 and converts it to cliaital .. form. Each time the AID con.~ . 
has 3 ~ new sample lady, it interrupts tbe DSP 180 ·causing the DSP to zeacl the sample mid_ 

ston it in a first memory buffer 122 that is part of the effect generator's lalldom access 

menimy. 

10 Once the input vocal signal bu been sampled and . stmed in the first·· memory 

buffl!r 122, .the diaital signal processor 1801.n,lemellts a pitch nmpition ioudne '188 duat 
anal: r7.CS tile data stored in the memory buffer 122 and determines its pitch. The method 

um to determine the pitch of a note is fully ~ in our U.S. Patent No. 4,688,464, 
. ·. . 

whk h is herein incorporated by reference. For the purposes of this specification, the terms 

15 •pm: h• and •fundamerlta1 trequency• of a note are i~le. Fmm the pitch of the 

inpu: 'vocal note, the period of the nOte is calculated. 

Can~tionally, the period of a note is simply the inverse of its· fUndamental 

bqt iency expressed. in sec:oDds. However,. in tlie Pmlmt embodiment of the .invention, the 

peric id is calculated and stored in terms of the number of memory loCationJ m)uiled to store 

20 a co. np1ete cycle of the input vocal signal. For aample, one complete cycle of the note A 

440ll lz occupies 109 memory IOcations if sampled at 48 Dlz (1/440 x 48,000). 'nlelefore, 

the D criod of A 440Hz is stQred as 109. ·In addidan to clCtennining ·the pitch and period 
,· .· . . 

of a note, the digital sipa1 processor also calcuJates a period marti:r which is a pointer to 

a lot :ation in ~ where a new cycle of the input vocal sipal belins. ·· Initially, the 

period marker is set to point to the beainnins of the ·memory buffer in which the input vocal 

is Stl nd. Subsecpmt period markln are calculated by adding the number of data Samples 

. in a single cycle of the input_.~ocal sipal (i.e. one period), plus the previOus period marker. 

The period marker is updated wba a write pointer that points to the next available memory 
locai ion minus a small delay is beyond Whae. ihe new period D1arbr will poinL ne Period 

30 marl ms are used by the DSP 180 to prucluce the harmony notes, as will be described. · 
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1be results of the pitch recognition routine 188 are supplied to the 
micropmcessor 138, i.e., a sipa1 of tbe pitch of the input vocal signal stored in the first 
buffer 122. Wltbin the ROM 140 of the micmpRJcessor is a look up table that correlates the 
pitch of an input vocal signal with a MIDI note. In the presently piefened embodiment of 

· S the invention, each MIDI note is assiped a number between 0 and 127. For example, the 
note A 440 Hz is the .MIDI note .llUlftber 69. If ID input signal is not exactly on pitch, then 
the note can either be :rounded to the closest MIDI note or assigned a fractional number. For 
example, a note that is slightly Oat of A 440 Hz micht be assipecl a number such as 68.887 
by the microprocessor. 

10 Once the mirmprocessor has assigned a note to the input vocal signal, the 
micropmcessor determines which hannony notes are to be produced. The particul.- harmony 
notes produced can be individually propammcd by the user or selected from one or more 
predefined harmony •ru1es. • For example, a user may program the micropmcessor to 
produce four harmony notes that are a musical third above the input note, a musical fifth 

lS above the input note, a musical seventh above the input note, and a musical third below the 
·input note. Alternatively, the user may select a rule such as a •chordal harmony• rule that 
always produces harmony notes that are the chord tones above and below the input melody 
line. As will be appnciated, to use a rule such as the chordal harmony rule, the user inputs 
the chords to be sung, thereby allowinl the microprocessor to detamine the c:orreet chord 

20 · . tones. 'l1le predefined harmony rules are stcnd within the ROM 140 and are actuated by 
the user with the input controls 148. 

Another way of selecting the harmony notes to be produced is by using the MIDI 
port 1S4. 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 synthemer, 
a sequencer, or any other MIDl~mpatible device •. The effect generator 100 shifts the input 
vocal sianal to bavc a pitch equal to the pitch of the harmony notes ·received. Alternatively, 
the instructions of w~ hannony notes to produce may be stored on a computer or as a 
subcode on a laser disk. The laser disk may operate with a karaoke or other entertainment 
type machine such that, as a user sings the words of a karaoke song, the karaoke machine 

·30 . supplies an indication of the hannony notes to be produced to the musical effect 

generator 100. 
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Once the harmony notes' haVe been determined, the digital sipal processor 180 

imt lemcnts a rmmpliq subroutilie 192 that remnples the input vocal sipal stored in the 

• nory buffer 122 at a mte detennined by the positioil of the gender shift controls 156. The 

re11 impled data is stmed in two memory buffers 128 that are associated with each gender 

S sbi! .~ cantrol. By sampling • a lower rare, the dmbre of the h&maony. noteS will sound mcR 

fen linine. Abematively, if the sampling rate is 18ised1 the binnony notes wlll IOUDd more 

malCUline. 

FIGURE 4A shows how the stored illput vocal data is resampled by tho digital sipal 

pn cessor to compress the spectlal envelope and make the input vocal siPal sound more 

10 · 1111 sculine. 1be analog input vocal signal 105 is sampled by the AID converter 118 at a 

· pl1J rality of equal time intervils 0, 1, 2, 3, . . . , 11. Each sample bas a corresponding value 

a, :>, c, • • . , I. The samples are .sequendally suncl as elements of a circular array within 

·the memory buffer 122. ne circular anay has a write pointer (wp) that always points to the 

neat available memory ]ocadori to be filled with new sample clala. 'In addition, the digital 

lS sill na1 processor also calculates the last period marker (pm) 122b that indk:ates where in the 

mi mory buffer a new cyCle of the input vocal sigDal begins. As· will be appreciated, the . 

number of samples betWeen the last period marker 122b and a previous period marker 122a 

· cltl line one cycle of the input vocal signal. 

To compress the spectral content of the input vocal signal, the stmed signal is 

20 re: ampled and stand in one of the two memory buffers 121· (staoWn in FIGURE 3) at a mte 

slightly higher than the mte at which it was originally sampled~ ne resampling rate is 

dll tmnined by the setting of the gender shift · c:Onuols 156. In the example shown in 

FJ GURE 4A, tbe inpilt vocal signal is slowed by 25 percent. This . is· accomplished· by 

1_11 aunpling the data that are stoiecl in the memory bilffer 122 at a time period equal to o. 75 

2S ti1aes the original sampling period~ For-example, samples a', b', c', d', ••• are taken at 

titnes 0, 0.7S, 1.5, 2.2S, etc., and stond in the second mem0ry buffei 128. 

To c:alCul&te vlluea for the data ·at times between ·the samples· atored in the first . 

n1 emory buffer. 122, an· interpoJadon method is used. In the pn:sently pretenm embodiment 

ol · the in'Veildon, ·liMar· .interpo)adon is wied. For example, to· fill in 'the data for a sample 

30 a1 time 0. 1S, the digital signal ·pmceaor ftllds the value of the sample obtained at time 1 
. . 

fir om memory buffer 122, multiplies it by 0.75, and adds to that 0.25 times the value of 1he 
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sample obtained· at time O. Although linear interpolation is used in the cunently preferred 

embodiment of the pzeeat invention, other more accurate intmpola1ion methods, such as 

·splines, could be used given sufficient computing power _within the digital signal 

pmcessor 180. 

S _Once the data bave been resampled and stored in the second memory buffer 128, the 

digital signal pmcessor ·calculates a period marbr 128b to point ro the locadon i.n. the 

memory buffer 128 where a new cycle of the resampled input vocal signal begins. '11ie 

period marlrer 128b is calculated by multiplyin& the period marker 122b by the percent 

change in the sampling rate. Thus, the new period marker 128b is calculated by multipiying 

10 the period marker 122b by 1.33 (1/0.75) and addiftg the reslllt· 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 sampling 

rate of the input .vocal signal increases the total number of samples requimd 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 iDC1eaSing the simpling rate 

by 33· pei'Cellt, 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 raampled. 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 AID converter 118 and stored in the memory buffer 122. Again, the analog 

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

Bach sample bas a corresponding value a, b, c, .•• , 1 that is stored in the first memory 

buffer -122. 1be period marker 122b is calcWated to paint to the memory location that marks 

2S the beginning of a new cycle in the input vocal signal. 

In FIGURE 4B, the sampling period- is shown as being increased by 2S peicent • 

. Themfore, the input vocal signal is mampled at limes 0, 1.2!5, 2.5, 3.75, etc., times the 

original sampling interval. P.ach sample has a new value a•, b', c•, . • • , 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 rcsampled data. For example, to calculate the value for 

a sampled' at time 3.75, the digital signal processor calculates the sum of 0.75 times the 
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value of the data oblained at time 4, and 0.25 times the value of the data obtained at time 3, 

etc. 

Again, once die data hu been ma:mpled and stmed in the second memory buffer 128, 

the 1 ligilal sipal pna:uor recalculates the last period marker 128b for the resamp1ed data 

S ia ti ie same manner as described above. As can be see:n in· PJGURE 4B, the number of 

••between the period marlrm 122a llld l~b of the original input vocal slpal is 12 .. 
Wbtn the samplina period is inmased by 25 percent~ only 9.6 samples exist between the 

Peri >el lnarken 128a aDd 128b. Therefore, the total number of samples iequimd to atom a 
CODI plete cycle Of the. illput vocal signal bas decreased by 20· pen:ent. 

10 In the pr111enUy pteferml embodiment of the present invention, a user can incnase 
or d =crease the sampling rate by +/- 33 '5. More or less malnpling shift could be provided. 

Ha,, rever, for vocal appliCations it has been determined that the most ·realistic sounding 

dmtn= shiftS are obtained when the resampling rate is set betWeen-18 and +119'~ 

Once the input vocal signal has been resampled. at·a rate· indicated by ·the gender shift 

IS controls and stored· .in the data buffers 128, the DSP 180 recalculales the period ·of the 

NU mpled data. For example, the User may be singiDg an A note at 440 Hz which has a 

peri >el of 2.27 milliseconds (109 samples at 48 KHz) and have one of the pnder contlOls set 

· to ·t • 10'5. When resamp1ed at the new rate, the period of the resampled vocal signal wni 
be :!.043 millimconds (98 salnples at 48 KHz). This liew period is uled by a winctoW 

20 · pm ntion routine 196 and to a pitch shifting routine 200 (repmeiated in FIGURE 3) that are 

ilnp lemeated by the diaila1 sianal procesiOr to creates the harlnony notes. 

With refamee to FIGURE 7, the pitch shifting routine Operates by scaling a portion 

of 1 lie -.mpJed input vocal signal 400 st.end in the memory buffet with a window 

func aon 402 to reduce the magnitude of the samples at the bqinniag lllcl end of the portion, 

2S and to maintain the value of the samples in the middle Of the· portion. The windoW 

. func lion 402 is a smoothly varying, hen-shaped function 1bat, lil the pmfened embodiment 

of ti ie invention, is a~ windo\V. 1lle RIUlt .of a point-by-point multiplication of the 

wine low function 402 and the portion of the mampled vocal sipal 400 is a .signal 

sep 11mt 406. As can be seen, the remnpled vocal sipa1 400 contains a series or 
30 peal~ 401a, 40lb, 40lc etc. 1be signal segment 406 contains a complete cycle (i.e. one 
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peak) of the raampled data but has a beginning and an end that arc relatively small in 

mapitude. 

Referring nc>W to FIGURE 7B, a lmmony note 408 is created by concatenating a 

series of signal segments 4Q61, 406b, 406c and 406d together. Comparing the harmony 

S note 408 to the resampled vocal signal 400 (shown in FIGURE 7A), it can be seen that the 

harmony note has half the number of peaks 408a, 408b, 408c as compared to the resampled 

data. 'nlerefme, the harmony note 408 will sound an octave. below the resampled vocal 

signal. As will be appreciated, the pitch of the harmony note to be created clepencls on the 

me at which the signal segments, obtained by scaling the resampled vocal signal by_ the 

10 window function, me added together. As described in the '671 patent and in the Lent article, 

to shift the pitch of a note to any value higher than an octave below the original pitch· 

requires that ovedapping 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 sipal segments together. 

FIGURES SA and SB show how the digital signal processor calculates the Hanning 

windows used in creating the harmony notes. 1be window generation routine 196 described 

above suns mathematical representations of four Hanning windows in four memory 

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

20 and 134d is associated with one of four harmony generators 220, 230, 240,. and 2SO 

(FIGURES). Within the ROM 140 is a memory buffer 141 that stores a standard Hanning 

window in 2S6 memory locations. 1be vi.lues of the data a, b, c, d, etc. stored in the buffer 

ue calculated by the raised cosine formula: 

. (I - cos (2n/2S6)) 

2S where x represents each sample stmed in the b~. To create a window function within one 

of the memory buffers 134 that is used to mate the harmony notes, the length of the window 

is ftnt determined and then the window is filled with new data points a', 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 (PIGURE 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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the gender controls io + 10" and -10". When usina ihe musical effect 100, the user setec:ts 

. wh lCh zaampled input vocal sipal will be used to cmare a harmony nOte. The user cail 

specify that the input vocal sipal ihat is msanapled at a Ille of + 10'5 is used to create a 

fiat harmony note, and the input Vocal signal that is reampled at a rate of .;.10" is used to 

5 · en lie die other bannoay ~· etc~ Once the DSP ills detmniaed which ft:sanlpled 

inp lit VoC:al sipal ii to .,e Ulld ·.in Cllating the harmony ._, the lenatb of the window 

_.fm cdon .is initially set to eq-1 _twice the ~ of the auOciated resampJflct input sipal 

(m pressed in samples) at step 422. Next, the pitch of the harmony note. to-be pmdUCed~ is 

·m 11pmd with the Pitch of the mampled input sipa1 at step 424. If the pitch of the 

10 hat many note is aRater than the pitch of the resampled input nbte, the DSP pmceeds to 

stcl? 426. At step 426, the· l>SP decennines the number of semitones (:x) the harmony nate 

is i lbcM· a positive thteshOld. In the presentiy .preferred eillbodiment of the invention, the 

pc litive threshold is set to zero semitones. At Step 428, the Jength of the memory buffer that 

stc res the Harlning window uSed to cre8te the harmony note is reduced by multi.plying the 

15 ler gth ralculated at step 422 by the results of the equation 
2-x/12 

wt ere x is the nmnbe.r of semitones the harmony note is above the positive threshold. For 

a; ample, if tbe barmOny note is five semitones above the tluesliold, the length of the memory 

b1n f'fer ii Jeduced by a factor of 0. 75. 

20 If the pitch of the· harmony note to be created is below the· pitch of the resampled 

hl]ut nate, the 1en&th of the-Window may be expanded. At step 430, the DSP determines 

1ht ~number of ICinitOnes {x) the hannmiy note is below a neptivethresbOJd .. ··1n the presently 

pl, :femd embodiment, the ~ thmhold is 24 ·semitones bClow the pitch of the input 

nci te. If the harmony note is below the tlueshold, die length of the memory buffer that holds · 

2S tb l window function is incleased by an amount equal to the results of the equation: 
2+xll2 

wl ame x is the number of semitones below the threshold. ·i:or:example,, if the harmony note 

to be cieated was 29 semitones below the pitch of the input..-, then x • S and the l~gth 

o1f the aDmnory buffer that holds 'tbe window f1lnctiOn is increased by a factor of 1.33. 

30 At ·step 434,, · it is detetmined whether the length of the window function has been 

m :msed to an i.mount tlilt is greater than the amount of memory available to store the 
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window function. If so, the length of the window function is set to the maximum amount 

of memory available to store the window function. 

If the harmony note to be cRated is not. below the negative thtahold, the length of 

die window function remains the same U WU calculated in step 422. 

S After· the length of the memory buffer that holds the window function. has been 

calculated, the memory buffer 134 is filled with .the values of the window data. This· is 

accomplished by determining, at step 438, a ratio of the length of the buffer 141 (which is 

currently 256) to the length of the buffer u detenninccl by steps 428 or 432. 'Ibis ratio iS 
used in step 440 to interpolate the window da1a. For example, if the new buffer has a length 

10 of 284 samples, the buffer 134 is completed by interpolating the data at points 0, .9, 1.8, 2. 7 

in the same manner as the input vocal signal i• resampled as shown in FIGURPS 4A, 4B and 

described above. 

A user can also specify a volume ratio for each harmony note produced. This volume 

ratio affects the mapitude of the samples stored in the memory buffer 134. If the user 

15 wants full volume for the harmony notes, the ratio is set to one. If the user wants half the 

volume, the ratio is set to O.S. 1be Volume ratio is determined at step 440 and each value 

in the memory buffers 134 is multiplied by the 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 memor}r 

20 buffer 122. The combination of the dry audio signal and harmony signals is supplied to a 

digital-to-analog converter 21S that produces a multi-voice analog signal that is the 

combination of the input note Ind harmony notes. As is described in the '671 patent, the 

output harmony notes are not pioduced if the pitch recognition routine clctects that a user has 

mmg a sibilant sound. Sibilant sounds are sounda such as •s, • •ch,• •m, • etc. In order for 

2S the harmony notes to sound Jellistic, the pitch of these signals is not shifted. If the pitch · 

recognition routine cletects that the user• has suns a sibilant sound, the microprocessor sets 

all the harmonies to ~ produced to be the same pitch of 1he input vocal signal. Thus, the 

harmony notes will ~ have the same pitch u the input vocal signal, but they will sound 

slightly diffamt than the input signal due to the timbre shift that occurs due to the combined 

30 operation of the nsampling and the operation of the pitch shifting routine 200. 
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To produce men ilatUlal IOUncling harmonies tban coulcl be obtained using prior art 

pitc Ii shifting techniques, the insent invention replicates a pmtion of the mamp1ecl input 

Wx: al signal that is abeady pitch and timbre shifted u _a result of the n:sampling. Tumin& 

a• to FIGURE S, lhe pitch shifting routine 200 pelformed by the digital·-· signal 

. s pm.__. 180 is accOmpJi~ .... the mies of hmnany ~ 220, 230, 240 

·and 250. ·Each ar.my pnerator pmducei one bannony note tbat is mixed with the dry 

llMll io signal stond in tbe memory buffer 122. 1be bannony notes to"be mated are supplied 

to tJ ae digllll signal processor on a lead 162 ind stored in a look up table 260. 1bc look up 

1abl e within· the cliailll sipal processor is used tO determine the funclamenlll frequency for 

10 eacl a of the harmony notes. 

P.acb harmOny generator within the digital signal ·pmcessor produces one of the 

bar1 nony notes stored in the look up table 260. As clescribed above, the harmony generators 

seal e one of the resalnpled. iilput vocal signals with the Hanning Window stored in the 

hall nony generator's associated memory buffer 134a, 134b, 134c, or 134d, at a rate equal 

15 to tile fundamental frequency of the harmony note to be cnaled. 

The dry audiO sipai. and the output sipal of each of the harmony generators 22(), 

23Cl, 240 and 250 ·is supplied to the summation block 210 that diYicles ·the signals between 

left and right cblnnels. For exam,~ the output of harmony- generator ·220 is supplied to a 

mb er 224. 1be ·mixer allows .the um to direct tM. barmony produced to either a left or 

20 · rigl tt audio channel or tO a mbt ·of the.right and left audio chaDimlL Similarly, the outputs 

of he harmony generatOrS 230, 240 and 250 are feel to. conesponding mixers 234,- 244 

Incl 2'4~ Each of the mixers feeds a summation block 270 that combines all the harmony 

i1iJt Ills for the left chinnel. Similarly, each of the miXers 224, 234,- 244 and 254. feeds a 

1U111mation block 212 tb8t combines a11 • harmony signals tor the ngbt audio channel. 

25 Tbe digital sipa1 pmcessor also nadi tile dry ·audio signal from· the memory 

buf rer 122 and applies it tD a mixer 284 that can be operated by the ~ to direct tllC dry 

awl io to the 1011te combination of the left and/or right audio cbannelL 

Altboup tbe"cli&ltal sipa1 proceslor 180 is shown including foUr bannony generators, 

fhCD 1e skilled in· the art will mCognize that more or less llarmony generators could be provided 

·30 de): ending upon the ·memory available and processing speed of the digital signal processor. 
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Turning now ta PIGURB 6, the details ·of the functions peifomecl by each of the 

bannony pneratars are shown. Each of the harmony pnerators. includes a plurality of 

windowed audio generators 300, 310, 320 and 330. Each windowed audio generator 

operates to scale the nsamplecl input vocal signal by the Banning window as described 

S above. A dmer 340 w_ithin the windowed audio genemtor is supplied with a value equal to 

the fundamental fiequency of the harmony note to be produced. Tbc fundamental &equency. 

is deiennined flom the look up table 260 (shown in PIGURE S) tbat c:onelates each harmony 

note with its COllelpOJlding fundamental frequency. When the dmer 340 counts down to 

zero, a signal is sent to a windowed audio geaemtor allocadon block 350 that loob for one 

10 of the windowed audio generators 300, 310, 320 or 330 to begin the scaling pnx:ess. 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 marb the location in the memory buffer 128 

where a complete cycle of the resarnpled input vocal sipal that is to be used in creating the 

harmony signal begins. Next a window pointer 304 is loaded with a pointer to the beginning 

15 of the harmony generator's associated memory buffer 134a, 134b, 134c, or 134d 

(FIGURE S). Finally a counter 306 is loaded with the number Of samples that are used ·to 

store the selected. window function. The number of samples in the window function is 

supplied by the digital signal processor to the harmony generaton and is stoled in a memory 

location 370 for use by all the windowed audio generators. 

20 After the buffer pointer 302, the window pointer 304, and counter 306·are initiali:recl, 

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 

$tared in usnciated memory buffer. nae result of the multiplication is applied . to a 

summation block 372 that adds the output from all tbe windowed audio generators 300, 310, 

320 and 330. After the multiplication is completed, the pointers 302 and 304 are advanced 

and the counter 306 is decremented. When the counaer 306 reaches mo and all the 
. . 

multiplications have ~ performed, the windowed audio generator signals the windowed 

audio generator allomtion block 350 that jt is available to be used again. ne windowed 

audio 1enerarors 310, 320 and 330 operate in rhe same manner as the windowed audio 

30 generator 300. 
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'Ille timer 340, the period markers stoJed in the memory location 262 (FIGURE 5), 

1be • 1Umber of points in the window function stored in the memory location 370, and the 

Ban mg windows stored in tbe memory locations 134 are all dynamically updated as the user 

sing i different notes into die 111icmphone. 

S . As described· above, for· harmony notes having a pitch belC»W thO. pitch of the input 

vom l sipal, the llallnin& window is calcuJated to have a lenatb. equal to, or Ion~ than, 

twic ~ the period of the input signal. umd to cnate the harmony. lipal. 'l1lrnfme. to create 

a ba nony siina1 tbat is an OctaVe below· the inpat Vocal iipal; Gilly one windowed audio 

genr. rator is needed. However, to Cieate harmony notes having a pitch llf!ller than the pitch 

10 of t1 le input vocal note, the tcngtb of the Hanning window is. sboltened. Thelefore. to 

prod 1JCe an outpUt lipal that is above the pitch of the· resamPled input vocal qnal Rquires 

only two wiiadowed audio .generat0n. 

"!'he musical effect aeneiator described aboVe applies a fixed amount of timbre shift to 

a pi1J :h shifted note. However, it is possible to dynamically vary the amount of dmbre shift 

15 to further inmue the realism of a digitally processed note. 

· As indicated above, the musical effect generatOr of the present 'invention can be used 

with a karaoke system that bu a ~ melody alid/or harmony tmct. Alternatively, 

tbe 3 nelody or lmmony notes can be mceived from a · 1myboird or from a computer. 

Typi1 :ally. the pmecorded melocly or harmony notes ·are transmitted JO· the effect pnemtor 
20 over a MIDI channel. If only one harmony vOice is to be produced, the effect generator can 

rad lhe desired harmony notes fmm the MIDI port, look up the amount of timbre ihift that 

is to be· applied to a aote· and create tbe harmony note by replicating ponions of the 

res&111pled input note in··lhe manner pmviously described. However; if more than one 

harm )A)' voice is to be pmchald then it is usually requbed that the notes for each voice be 

uans1 nitted an their own MIDI channel. 

In most instances, the MIDI ·conuoJler supplying the. harmony notes does not have 

ellOUJ :b free cbannels to allow a sepmate cblmael to be uml for each voice. A single MIDI 

cbam el could be used to define each melody or harmony note to be produced. However, 

tlaln is· no pnctica1 way· to ·inform the effect aeneraror how much timbre shift should be 

30 appli4 d IO an individual melody or harmony note. Conceptually, it would be possible to code 

the M m1 file lbat describes the harmony or melody notes with a MIDI memge that precedes 
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each nOte and defines how much timbre shift to apply. However, such a file would be 

difficult to construct and could not be constructed in real time if the melody/harmony notes 

were beina coded by a keyboud as the user sang. Therefme, then: is a need for an effect 

generator that can mceive the melody or harmony notes on a single MIDI channel and assign 

diffment amounts of dmbJe shift to the notes that comprise the various ~ces. 

A first altanadve embQdiment of the present invention is shown in. FIGURE 9A. In 

this embodiment, all the melody or harmony notes that are to acconipany a given song ue 

encoded on a single MIDI channel. 1be effect pruntor is programmed to read the notes 

and dynamiQllly assip the amount of timbre shift to the notes in ieal time. 1bc haldware 

10 required to implement this embodiment of the invention is the same as shown in FIGURE 3 

and deacribed above. However, the digital signal processor 180 is programmed in a slightly 

different manner. 

1be effect generator 500 receives a stream of melody or harmony notes on a single 

MIDI channel 50S from a MIDI karaoke system, a keyboard or computer system as the user 

15 sings. 1be melody or harmony notes are read by the digital sipa1 processor and are 

.automatically. assigned an . am0unt of timbre shift in a process bloclc SIS. Preferably,. the 

automatic timbre usignment block SIS is implemented by programming the digital signal 

processor to compare the pitch of the melody or hannony note to be produced with one or 

more pitch thresholds. 

20 · Depending on where the pitch of a melody or harmony note is relative to the 

thlesholds, .aie timbre of the note is set according to some predefined or preprogrammed 

rule. For cumple, if there are two thlesbolds, notes having a pitch higher than both 

thJesbo1ds may be resampled at a late of -lOS, while harmony notes between the thresholds 

may be resampled at a mtc of ·29' and harmony notes below both thresholds may be 

2S resampled at a late of +SS etc. Of course, the amount of timbre shift may be the same for 

notes above or below the one or more pitch thn:sholds. AltematiVely, the musical effect 

. pnerator may by ~med so 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 mme threshold note:s as MIDI messages at the beginning of the MIDI file that 

30 accompanies the song. 
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Al an altemadve to COl:"parin& the pitch of the melody or harmOny notes With a pitch 

due !hold, the auiollladc dmln mipment block 515 may be.implemented·by pqramming 

the.' ligical sipll pmcesa to compme ~·pitch of the hai'lnony note to die pitch of a desired 
.. .. 

meL JCly note tblt is SIQJed in .a separate MIDI file and lmmrltiued to the effect pnerator on 

S a Mml dmnel 510. By Nading the. desUed metody Doles, the effect pnerator can look 

abll Id to Clemrmine .. eqiectfld amount Of pitch shift requimd to~ lhe'bannony ~ 
(ua mning the siqs is close to linlinl on Irey). 1'be dect pml8tor may then 1DOdify the 

amc mt of timble shift for each b&rmoDy note depending 0n the eqiectfld amount at pitch 

shift 

10 As yet another alternative, the automatic timbre aiSigning block 515 ··may be 

ilDJ 11ementec1 by propammma the dilftal signal ~ to compite die pitch· of the 

bu mony notes with the pitch of the input vocal note to determine if the barlllony note is 

abc Ne or below the meJody line. · The timbre of tlaC harmony note can be modified as a 

fwr ction of the diffmnce m pitch betwelln the pitch of the harmony 80te and the'pitch of the . 

15 int; ut VOQa1 note. Because the barmOny notes produced have timbres tbat differ from the 

inJ ut vocal note, they do not sound' like pitch sblfted vemons Of the input nc>te, thereby 

. adi ling realism to the campasite sound. 

A second altanative embodiment of the . effect gemfttot. according to tile praent 

in, atian is shown in FIGURE 98. Here the timbre of a harmony note is not lnOdified in 

20 a 1 nmner to differentiate the harmony voices from the input voice but is modified .in a way 

th at mimics how a singer's voice changes as the smler sines higher or 1oWer nOtes. 
. . . 

The mUsical effect gmei'ator S20 receives mi input vocal signal &om a singer and 
. . . 

-~ alyr.es the sipal to determine its pitch.. 11le effect geilerator teceives a strtam of desired 

melody or bannony llC>tel on a Mml channel 530 that indicate the pitCh to which the input 

vocal signal should be shifted. ne digital .-i. pruceSsor Within the effect generator 

d: mamically assigns an amount of iimble ihift to a~ tO be Produced u 1Cp1cse8ted by the 
b: act 540. Preferably the diPtal sipal processor compilrel the piCCh of die desired note with 

die pitch of the input vOca1 signal to telect hOw much timbre shift :slioUld bO applied to the 

pitch shifted OU1pUt note. For example, the am0unt of timbre shift may vary linearly with 

30 ti ie diffamce in pitch betWeen the input vocal sipa1 and the deshed barnlony or melody 

11 ote. Alternatively, s~ fuuction may be med wheld>y the timbre doesn't change until the 
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pjtch of the clesiled note diftas from the pitch of the input vocal. signal by more than some 

pzedetermined amount. Once the amount of timbre shift bu been determined, the digitized 

input vocal signal is remnpled and the output note is crr.ated by replicatin& portions of the 

resampled input note at a rare equal to the fundamental frequency of the desired output note 

S IS described above • 

. To achieve a malistic timbre shift that mimics the physical cbanps that take.place in 

a singer's vocal tract, the resampling rate should be slower than the original sampling rate 

· for notes that have pitches higher than the. in.-.t vocal note. Collvenely, the n:sampling rate 

should be faster than the original sampling mte for notes having a pitch below the input vocal 

10 note. As an alternative to changing the timbre of a note based on the amount of pitch shift 

requiml, it is also pos$ible to vary the timbre based on changes in the loudness of the input 

vocal signal. The digital signal processor .analyas the magnitude of the digiti7.Cld input vocal 

signal and selects an amount of timbre shift as a function of the magnitude. Furthermore, 

the timbre could be changed depending upon the length of time the input vocal signal has 

15 ·been sung. Once the effect generator has determined the pitch of the input vocal signal, the 

cfiaital sipal processor stans 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 leCOl'ded 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. 

Usina the effect aeamtor shown in FIGURE 9B, the composite output signal sounds 

more realistic because the notes si~ulate the way the timbre of the note changes naturally 

in a singer's voice as the pitch of a sung note is varied. 

Althoup tbe present invention hu been described with respect to vocal harmony 

25 pnmators, the present invention also has other uses. One example is as a voice disguiser, 

where a uss 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 wou1cl be useful for law enforcement to dis1uise the voice of witnesses or as part. of an 

answering machine to conceal the voice of the user. Alternatively, the present invention 
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could be used by radiO announcers who want their voice to sound deeper. In addition, the 

iftw 111ion can be used With input .notes that are receiwid rmrn musical instruments. The 
nm lt of the timbre shifting combined with pitch shifting allows one instrument to sound like 
lll01l lier~ 

s· Additioully, the pn=teued embodiment of the inventian first i:mploys thelmmpling 
pitd I shifting followed by the pitCb shifting ~ to .the .Lent ·method •.. It will. be · 

appi DCiated tlaat the ievene procesi could also be. u.I, whcnby the otitput signals created 
• g the I.Cat method are stored in a inemory·buffcr Ind taampJed at a new rate to filrther 
Shift the pitch. · Bach of tbe methods, Lent llld pitch shiftilig by resalnp1ing , OpelatC as 

10 pm. iously described. There are two issaes to keep in mind When impiementing the steps in 
the 1 evene onlef. First, the output of the pitch· shifter that opemtes acconling to· the l,.ent 

IDetll od lio longer dim:tly controls the fundamental &equency of the overall output signal. 

1kl efore, it is neceisary to compensate for the pitch shift Which Occuri u a resUlt ot the 

resa1 nplinJ. For eDmple, if the. timbre shift control was set to make a sinier sollnd more 

15 female, the nsampUnl pitch shifter miaht ~ust the pitch UpY.vds. by,· ay, 12". If it was 
dlsi1 ed to produce a timbre shifted output ·signal at a frequency of 440 HZ,· then the pitch 
shift :r that operates according to the Lent method would have to be set tO output a signal 
·With a fundameniat fnlcluency of 440/1.12 • 392.86 Hz. In geiieral, the relation is: 

20 whele: 

TSF • LF*PSR 

TSP = the frequency of the fundamCntal pitch of the 

timbre shifted output iii.pal; 

LF = the frequency of the fundamental· pitch of the 

output signal of the pitch shifter that operates accorcling to the 

Lent method; and 
PSR == the Pitch Shift Ratio of· the reslmpling pitch 

shifter.. 1bis . is the rado of (input· sample· rate)/(:raampled · 

sample rate). 

The second issue is that the clock source for· the harmony timer 340 as shown in 

30 Fip re 6 wiil be different. When the Lent method pitch shifter is the last Step in the pmc:ess, 
this 1 imer is decremented at the sample rate of the system~ for example 44.1 KHz in a system 
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providin& CD quality audio. 1bis guarantees that tbe Lent method pitch shifter can provide 

a continuous stream of pitch shifted audio at that n.te. ~ the Lent method pitch shifter 

passes its output to the resamplill1 pitch shifter, rather than dilectly io the outputt the 

timer 340 is clocbd at the ~I rate. 'Ibis ensures that the two processes operate in 

S synchmny. If the n:sampJing is occurring at a higher rate, u in Figure 4A, the Lent method 

must be pmctucing mplicated pitch periods at a higher rate to hep die resampling pitch 

shifter conlinuously. mpplied with data. Similarly, if the mamp1ing is occurring at a lower 

rate, as in Figure 4B, the Lent method need only produce replicated pitch periods at a lower 

. rate to keep the resampling pitch shifter continuously supplied with data. 

10 . While the preferred embodiment of the invention hu been illustrated and described, 

it will be appn:ciated that various changes can be made therein without departing from the 

spirit and ICOpe of the invention. Therefore, the scope of the invention is to .be determined 

. solely from the following claims. 
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The em~ of the invention in which an exclusiYI: property or privilege is 

ell imed me defined· ii follows: 

1. A method of cnating a timbm shifted output signal-~ an input sipal, co.sing 

. tbr. S1epS of: 

_ .... 
~- .. , 

mceiving a digical representation of an input signal that.has been· sampled at a fint 

. .. . 

mampJiag said diaiial represmtadon of the input sigila1 at a second me that differs 

fftl m the ftnt nte; and 

cieatins a di&ilal representadon of the timbre shifted output signal by periodically 

ex1 racting a segment of the mampled inpiit signal and replicating the extracted segments at 

. a x ate equal to a fundamcncal frequency of the output signal. 

2. A medlod of cnadDg a ti.min, pitch shifted output sipal from an input signal, 

co1 nprising the steps of: 

-··· &8'1,., 

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

malin& a di&ital representation of a pitch shifted output signal by periodically 

n1 meting a segment of the input signal and replicating the extracted segments at a rate equal 

to a fuDdamental frequmcy of the pitch shifted outpUt signal; and 

creating a digilal repruentation ·of the timbm shifted output signal by resamplina the 

dq ~tal represmtalion of the pitch shifted output signal at a second rate that differs from th~ 

fir It rate. 

3. The method of Claim 1 or 2, further comprising the step of applying the digital 

le.I nsentation of tbe timbre shifted output signal to an di&ital-to-analog converter to convert 

lb! 1 digital representation of the timbre shifted ouq>ut signal to an analo1 representation of the 

ti.11 tbm shifted output signal. 

4. The method of c~ 1! whelein the input signal has.• fundamcnlal frequency ~ 

wD ierein the timbm shiftal output sianaJ bu a fundamental frequency that is the same as the 

fu1 ldamental frequency of the inpUt signal. 

s. The method of Clainr 1, wherein the input signal bas a fundamental frequency ·and 

wl 1eiein the timbm shifted outpUt sipal bas a fundamental frequency that is different than 

thi 1 fundamental frequency of the input signal. 
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6. The method of Claims 1 or 2, wherein the step of receiving a digital repiesentation 

of the input signal comprises the steps of~ 

receiving an analog -repmentation of the input signal; and 

applying the analog representation of the input signal to an analog-to-digital converter 

· tO convert die anal0g mpresentation of the input signal to a digital 1epresentation of the input 

signal. 

7. The medlocl of Claims l _or 2, wherein the input signal is a note produced by a. 

musical instrument. 

8. 1be melhod of Claims 1 or 2, whelein the input signal is a vocal note. 

9. A . method of generating a timbre shifted output vocal signal from an input vOcal 

signal, comprising the steps of: 

receiving a digilal 1ep1esentadon of the input vocal _signal that has been sampled at 

a first rate and mampling the digilal nspresentation of the input vocal signal at a second 

sampling- rate different fJOm the rmt sampling rate to create a resampled input vocal signal; 

and 

crating a digital 1epresentation of the timbre shifted output vocal signal by 

periodically extracting a segment of the resampled input vocal signal with a window function 

and replicatin& the auacted segments at a rate equal to a fundamental frequency of the 

oUtput vocal signal. 

10. A method of generating a timbre, pitch shifted outpUt vocal signal from an input vocal 

signal, comprising the steps of: 

mceiving a digital repreMntation of the input vocal signal that has been sampled at 

a fint rate and cn:ating a digital representation of the pitch shifted output vocal signal by 

pe:riodically atractina a segment of the. inpilt vocal sipal with a window function and 
zeplicating the extracted segments at a rate equal to a fundamental frequency of the output 

vocal signal; and 

cmating a digi~ representation of the timbre shifted oulpUt vocal signal by 

mampling the digital representation of the pitch shifted output vocal signal at a second 

samplina rare that is different from the first sampliiig rate. 

11. The method of Oaims 9 or 10, whemn the step of receiving a digital representation 

of the input vocal signal comprises the steps of: 
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receiviDJ an inalos ·representation of the input vocal lipal; and 

applying the analog repmmtation of the input vocal sipai· to ID •anatog-to-cligital 

con· rater to convert. the anaJ.oa Rpmentation of the input · vocal sipat· to a digital 

npi esentation of-the input wc:a1 liPal. 
12. 'l1le method of Claims 9 or 10, · further compriiina the *Pl. of applying the digital 

lepJ esmta1ion of the ~ shifted outpUt vocal sipal to a digital-~ coawrter to ·. 

COii! nm the diaital rep111smtadm of .Ille timbn shifted output· vocal sipal to an analog· 

np1 aenlation of the timbre sllifted. output vocal signal. 

13. 1be method of Claims 9 or 10. wbmemtheinput vocal ·ligDal hu a fundamental 

fie: :ueftC)' and the timbre shifted output vocal sipal has a fundamental fnlquency that is die 

san: e as the fundamental frequency of the input vocal signal. 

14. 1be method of Claims 9or 10, wherein the input vocal sipal has a fundamental 

h 1uency and the timble shifted ·OUtpUt vocal siglial has a fundamenlal frequency that is 

dift meat flom the fllndamental. fmquency of the input vocal signal. · 

15. '1be melhod of Claim 9, wherein the input vocal signal and the timbre shifted output 

voe al signal have a fundamental frequency and whetein the step of allaeting a segment of 

the nsamp1ec1· input~ sipal. further comprises ·the steps of: 

pnenting a Window functiOll having a duration that is a function of a difference 

bet ween the fundameatal frequency ·ot the input vocal. signal and the. fundamental frequency 

of ':he tim1n shifted output vocal. lipal; 'and 

maltiplying the window function and the digital iepresentation of the resamplecl input 

VOi al signal qetber. 

16. The method of Claim 10, wherein the input vocal signal and the pitch shifted output 

vo1 :al sipal have a ftmdamental frequency and wherein the· Step of exuacting. a segment of · 

the! input vocal siglial 6nther comprises the steps of: 

pncratina a window function having a duration that is a function of a· cliffetence 

bel ween the fundamenlal freq~ of the input vocal.signal and thf: fundamental tiequency 

of the pitch shifted output vocal sipal; and 

multiplying the window· function and. the digital repraentation of the pitch shifted 

Olll :put vocal signal together. 
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17. The .method of Claim 9, wherein the digital representation of the input vocal signal 

is stored in a digital memory prior ID resampllng and when:in the digital represenlation of 

the input vocal signal comprises a number of cycles, each cycle occupying a number of 

memory loCations, the step of resampling the digital iepmentation of the input vocal signal 

further comprising the steps of: 

·storing ·the rmmp1ed input vocal signal in a larger number of memory locadons per 

cyclC than are occupied by the digital rqnsentation of the input vocal signal if the second 

sampling rate is faster than the fint sampliftl rate; and 

storing the resampled input vocal signal in a fewer number of memory locations per 

cycle than are occupied by the digilal representation ofthe input vocal signal if the second 

sampling rate is slower than the first sampling rate. 

18. 1be method of Claim 10, wherein the digital representation of the pitch shifted output 

vocal signal is s10led in a digital memory prior ID resampling and wherein the digital 

repiesentation of the pitch shifted output signal comprises a number of cycles, each cycle 

occupying a n1UDber of memory locations, the step of resampling the digital represenlation 

of the pitch shifted output vocal signal further comprises the steps of: 

storing the resamplod pitch shifted oucput 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 

staring the resampled pitch shifted output vocal signal in a fewer number of memory 

locations per cyc1c than are occupied by the digital representation of the pitch shifted output 

vocal sipa1 if the second sampling rate is slower than the fint sampling rate. 

19. 11le method of Claim 9, wherein the step of resampling the input vocal signal is 

performed by interpolating the digital representation of the input vocal sianal. 

20. The method of Claim 19, where the step of int.mpolating the digiral representation of 

the input vocal signal is performed using a linear interpolation. 
. . 

21. 11ie method of Claim 10, wherein the step of resampling the pitch shifted output vocal 

signal is performed by intapolating the digital representation of the pitch shifted output vocal 

signal. 

22. The method of Claim 21, where the step of interpolating the digital representation of 

tbe pitch shifted outpUt vocal signal is performed using a linear interpolation. 
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23. An apparatus for pmduciq a tinlbre shifted output ·sipal front an input signal, 

COil pr.isiq: 

a digital memOry; 

a digital silnal pnassor for. iiceivmg a digital repnsentadoli of the inpUt signal that 

bu been sampled at a first 1ate and for storing the digital repnsentation of the input signal 

in t 'le mptal ·memory; 
. . . 

means for nsamp1ing the digilal ~cation of the input lipal that is stand -in the 

· diai ta1 memmy at a mclJlld rate that differs from the fint rate, and for staring the nsarnpJed 

iDp at aipal in the digital memory; and 

a pitch shifter for aeating a diptal representation of the timbre shifted output signal 

by pmioclically extracting a segment ·of the mamp1ed input aipal and repllcadng the 

at acted segments at a 1ate equal to a fundamental frequency of the timbre shifted output 

siaJial. 
24. 1be apparatus of Claim· 23, further comprising: 

a microphone for converf:ing the input signal into a coneipoading electrical input 

sigJ aal; and 

an analog~tal converter for sampling the electrical input ·sipal. at the first rate 

a canverting the clectrical input signal into the diailal npresentation of the input signal. 

25. Tiie appaatus ot Claim 23, further comprisinc: 

a digital-to-analog convener to convert the digital representation of the timbre shifted 

ou1 put signal to an analog representation of. the timbre shifted output signal. 

26. The apparatus of Claim 23, f1lrther comprising a control for varying the second rate 

at , vbich the input signal is resampled. 

~7. The apparatus of caim 23, whelein the pitch shifter extlletl a segment of tbc 

mi unplOd input siana1 by scaling tbe nsampled input sipal with a window function. 

28. '1be apparatus of Claim 27, wherein pitch shifter scaJes the resampled input signal 

with the window function • a rate that is hannmiic related to the fundamental frequency of 

tht: input sipal. 

29. '1be apparatus of Claim 27, wherein the input signal has a fundamental frequency and 

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

fw tber comprises: 
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means for mljustina a duration of the window function based upon a difference 

between the fundamental frequency of the input signal and the fundamental frequency of the 

timbre shifted output sipal. 

30. The appuatuS of Claim 29, wherein the means for adjusting the duration of the 

~ function decmues the dmation of the window if the fundamental frequency of .the 

timbre shifted omput sipal is pate1 than the fundamental frequmcy of the input si&nal. and 

increases the duration of the window function if the fundamental frequency of the timbre 

shifted output signal is less than the fundamental frequency of the input signal. 

31. A system for creating a timbre shifted and/or pitch shifted output signal from an input 

signal, comprising: 

means for receiving a digital representation ·of the input signal that has been sampled 

at a first rate; 

means for receiving a first refelmce note that defines a flJ'St desired fundamental 

frequency of the timbre shifted output signal; 

a comparatOr that performs an analysis of said reference note and selects a mampling 

rate ai a function of said analysis; 

a digital signal processor that resamples the digital representation of the input signal 

at the selected mampling rate; and 

a pitch shifter for creating the timbre shifted output signal by periodically extracting 

a segment of the iesampled 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 refermce note with one or more thresholds. 

33. The system of Claim 31, further comprising: 

means for determining ~e 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 
I . 

selects the resampling rate as a function of the difference between said fundamental frequency 

of the refennce note and said fundamental frequency or the input signal. 
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means for nccivin& a· second reference note that defines a sec0nd fundamental 
fret 1uency; 

whemin the coDlpmalor analyzes the nference nOte by comparina laicf fundamental 
fm :uency of said first reference note with said fundaft1en111. fteituenc)' of ihe second 
rd 1e11ce note and 9elects the mamplina late as a function of -the diffeience betWeen the 
fa lamental frequency of the refen:nce note and the fllndamental frequency of the second 
iefe rence note. 

35. A system for aeating a timbre shifted and/or pitch shifted output signal from an i!lput 
sip al, comprising: 

means for receiving a diptal representation of the input signal that has been sampled 
at II first rate; 

means fOr receiving a reference note that defines a desired fundamental frequency of 
the timbre shifted output sipal; 

means for calcWatjng ·the leligth of time the input signal haS· been rciceived; 

a comparator that analyzes said length of time for which the input sianal bas been 
iecllived and selects a resampling •rate as a function of said length·of.time; 

a digital sipal processor for resampling the digital representation of the input signal 
at II Lid seleCted resampling rite; ind 

a pitch shifter ·for creatina the timbre shifted output siana1 by extracting a sqment of 
the resampled input sipal and replicating the segments at a mte iubstantially equal to the 

tum lamental frequency of said· refamcc note. 

36. A system for creating a timbre shifted and/or pitch shifted output signal· from an input 
sign al, comprising: 

means for recei.vin& a .digital repiesen~on or· an input signal that has been sampled 
at a tint nte; 

means for receivin& a. reference note that defines a desired fundamental ·frequency of 
tbe ·imme shifted output sipa1;· 

a comparator that analym a magnitude of the digital rcpresen1ation of the input signal 
and selects a resampling rate as a function of the magnitude; 
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a digital signal processor that resamples the digital iepresentation of the input signal 

at the selected mamplina rate; and 

a pitch shifter for creating the timbre shifted output si&nal by periodically extracting 

a segment of the resampled input aipal and replicating the segments at. a rate substantially 

equal to said fundamen181 frequency of the reference note. 
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