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AND/OR PITCH OF AUDIO SIGNALS

FIELD OF THE INVENTION
The present invention relates generally to electronic audio effects and in particular to
musical effects that shift the timbre and/or pitch of audio signals.

BACKGROUND OF THE INVENTION
In any periodic musical note, there is a fundamental frequency that determines the

‘puﬁwlkﬁtchofthem,awdlunumuonshumﬁcswhichp:widecmmwrm

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
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 -
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
soundsatamﬂmxsfamrorslowerthanmemeatwmchthesampleswerereeorded
Theoutputnommtedbythlstechmquesoundfmlymmmlbeuusemespecmlenvelope
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
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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A device that shifts the pitch of vocal notes to create harmonies in real time is
described in our prior U.S. Patent No. 5,231,671 (the " '671 patent®). The method of pitch
shifting described in the 671 patent was adapted from an article, Leat, K. "An Efficient
Method for Pitch Shifting Digitally Sampled Sounds,* Compuzer Musx’c Journal, Volume 13,
No. 4, (1989) (the "Lent method®). The Lent method allows the pitch of a digitally sampled

' sound to be shifted without changing the spectral envelope. Briefly stated, the Lent method

can be used to shift the pitch of a vocal note by replicating portions of a stored input signal
at a rate that is faster or slower than the fundamental frequency input note. While this
method of shifting the pitch of vocal notes works well, the pitch shifted notes do not sound
completely natural, because the spectral envelope remains fixed as the pitches of the notes

As described above, there are two methods of electronically 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
spectral envelope regardless 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
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
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

.a 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
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 ::ate at which the resampled input signal is scaled with the window function is the same

as tlie fundamental frequency of the input note. If it is desired to change the pitch of the
outjut note as well as its timbre, then the rate at which the resampled input signal is scaled
with the window function differs from the fundamental frequency of the input note.

~ According to another aspect of the invention, an effect generator is disclosed that can
modlt‘ytheumbreandlorpmhofaninputaudnosngnalmmwhapmhmuvedonaml :
char nel. membly,ﬁaeeffectgenmm:smedwlthaumlhnohesymﬂmmvim
amamofmelodyorhmonynomtoﬂleeffectgenemor 'I‘heeffectgalemormdsme'
nou-sontheMDIchannelmdautomaucallyasslgnsﬂxenoteanamountofumbreshxﬁ The
asswnmtcanbenndebycompmngthepmhofﬂwharmnynotethhoneormore
thrwholdsorwnththepmchofanmputauduosngnalrecenvedfromauserofmekanoke
system. Theamountofumbreasugnedtoachnotemnmhemehmonynomsound
diffc rent from the input audio agnal or can mimic how the i mput audio signal would change
1fm|sedorlowetedmpxtch '

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
follc wing detailed description, when taken in conjunction with the accompanying drawings,
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;

FIGUREZAuaﬂowchanofmeswpsperformed by the present mvennontosluft
the'nmbreandlorpmhofanmputnow '

FIGURBZBisaﬂowchmofmestepsperfomedbymepmmvenuontocrwe
timb re shifted, harmony notes from an mput vocal ‘note;

FIGURE 3 is a block diagram of a musical effect generator for producing vocal
harr ionies according to the method of the present invention; '
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FIGURE 4A and FIGURE 4B are graphs and corresponding diagmmmatic memory
charts showmg how an input vocal signal is reampledaccordmgtompofthe method of the
present invention; '

_ FlGURES:sablockdngramshomngmefuncnonsperfonned byadxgmlstgnal
processor that is programmed according to the method of the present invention;

FIGURE 6 is a block diagram showing the functions performed by a windowed audio
generator unit within the digital signal processor;

FIGURES 7A and 7B are a graphic repmntauans of the method of slnftmg the pxtch
of a digitally sampled vocal signal according to the present invention;

FIGURES 8A and 8B show how a Hanning window is created and stored in memory
in the method of the present inveation; and | |

FIGURES 9A and 9B are block diagrams of musxc effects that dynamwnlly select the
amount of timbre shift that is applied to a note.

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

.note,xtmllberealmdﬂlatthemteneednotbeavocalnotebutmybepmdue_edfromany

source, and the output note need not be different from or harmonious with the input pitch.
FIGURES 1A-1D 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

present invention. FIGURE 1A shows a frequency spectrum 30a that is representative ofa
typical vocal note. The overall shape of the spectrum is definéd by one or more formants
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orpaks 32a. Thechamcwrorhmbreofthevoealnoteudeﬁnedbymerehwemgmmde
.mlmdmmmmmmfmmcyofmemmmehmm(npmubythe
ariows 34&) '

Toshnftreahsueallythepxwhofavomlnow, msnecusaryto:hmmefundamemal

-fmqumcyofamwwhﬂemmmngmeformnuofmespmmdmtothmoﬂhe

original vocal note. FlGURElBﬂwwsaspecmmaobofapitchsluftedvoulnotethaus
amuuulﬁfdxbelowmemamawdmthmespecuumshowninﬂﬁm 1A. The note
mmdmththemmﬂbwm&dbyﬂowmgﬂwphybaekmafﬂwmpled
orgmalvoulnme. Asanbeuen,ﬂnemm;pecuﬂenvelopedeﬁnedbyﬂwfomams&b
asweuasmemdmdualhamonmsubascmnpmsedmdsmmdtoalowerﬁequency The
teuﬂtofshlfungthgfonmumammepmhshiﬁedvoulmmndunmmnl. '
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'ﬁﬂ patent. The pitch shifted vocal note
asmatedwnhthespectmm 30cwascmtedhyrephcaungapomonofthempmvocalnote
a.tamethatuslowerthanthefnmdammtalfrequncyoftheongmalmputvoealnote In
th: spectrum 30c, mﬂymeﬁequenclesofthehaﬂnomcsuchavechmged udmnbedm

ths 671 patent. The overall shape of the spectrum remainsthesameasthespectmmshown

in FIGURE 1A. mpmhshmedvomlnoteassocwedmthmespecmmmsoundsmore
mmmmepmhsm&edvoednotepmducedbythemasmaedwuhthe
.qmm%shmmHGURElB However, ﬂnep:tchshxﬁedvoulnotedoesnotsound
cunmplehelymtmal thchshlfﬁedvoealnotesprodueedbytllemeﬂmdducnbedmﬂle’ml
p:mzmdwhaveumbrumumverynmﬂutothempntvonlugmlﬁomwhwhthey
ae created. Thmfore,aﬂthepnchshmedealnomwundhhahemdmnonsofthe
oiginal.
Toaltertheumbreofanotemammerthatsoundsmhsuc,thepmentmvennon
meunovelcombmanonofmhnxpmhshtfﬁng,wherebytheplaybackmofthevocal
nte is altered, sndthemuhodducribedmthe’ﬂlpmt The resuit is a timbre shifted
mmtlatcanbemademsomddeeperandmmmsculine orhigherandmoret‘emuune
FIGURE lbmowsaspwuummofa_mwhshlfwdvoedmhawngafrequmcy
tlat is a musical fifth below the input vocal note associated with the spectrum shown in
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FIGURE 1A, and which was generated in accordance with the present invention. As will
be described in further detail, the pitch shifted vocal note corresponding to the spectrum 30d
was cbtained by resampling the previously stored input vocal note at a rate that is slightly

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

A portion of the resampled dataxsthenrephemed at a rate equal to the fundamental
frequency of the musical fifth below the piich of the input note. As can be seen, the
spectrum 30d is slightly compressed but similar to the original spectrum 30a. The result is
apixchsninedvo_ul_mmmwmummtma'mumvmmofmeoﬁgm
input note.

The mqjorswpsofmepment invention to create a timbre and/or pitch shifted output
signalfromanmputsxgnalaresetfonhmtheﬂowchanshown_mﬂGURE 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., maybeavemlnotethatisspokehorsungbyauser, or may be produced by
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
smredinputsignalistesampledataseeondratematdiffersfromtheﬁrstmeatwhichthe
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
be selected by the user. | |

The resampled data is stored ina d:gml memory at step 56. Finally, the timbre
slﬁfﬁedoutputsxgnalxspmduoedatstepSSbyrepheanngapomonofther_esampled 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
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
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 current implementation'of the invention, the timbre shifting technique is used
0 ¢reate harmony notes from input vocal notes sung by a user. Therefore, although the
foll ywing description is directed to producing timbre shifted, vocal harmony notes, it will be
appreciated that the method of the present invention can also be used to vary only the timbre
nf:mmputugnalortovarythetimblemdpmhofanmputsignalmawaythuunot
humonmllytemedmthepmhofthemputngml o - .

o msmznmﬂowcnmofmemjomep;puformedinme-pmemmenﬁon:o
produce timbre shifted, vocal harmonies. The method begins at step 60 wherein the analog
input vocal note is sampled and digitized at a first rate. At step 62, thedxgmlsamplesare
swredinaﬁrstmemorybuﬁ'er Atstep& the stored samples are analyzed to determine
tlu'pxtchofthemputvoulnote Aftuthepmchhasbemdetermmed theharmonynotes
mbeprodueedwmlmemputvoalnoteareselectedatmpﬁ The particular harmony
noes produced forag:venmput note may be preprogrammed, individually selected by a
wr,ormybemvedﬁommexmﬂmsmhasasynthenm a ‘sequencer, Or an
mmaxsumgedeﬁcemhsacompnm-disk a laser disk, etc.
~ After the harmony notes are selected, ﬂ:epercentmcreaseordecmseoftheamplmg
nleﬂmhabeenselectedbyausendenmedatmpﬁs Themnphngmemaybe
inireased to give the harmony notes a more feminine quamy, or decreased to produce
‘harmony notés with a more masculine sound.

At step 70, ﬂndxgmzedmputvoealnotematwasstoredin'step&inéamphdat-
m-newmeselectedbytheuser Theremnpleddataxsstoredinaseeondmemorybuffer
For example, nftbeuserhasselecwdwdmmﬂwmphngmw,thmﬂmwﬂlbe
fewer data samples in the second memory buffer, thereby decreasing the amount of memory
n.qmredtostorethedlgmndmputvocalnoﬁe Slmﬂaﬂy,lfmeuserhasselecﬁedtomm
mewnpbngmte,tbedan_ofﬂleﬁrstbuffamnbemnpledatahtghermmtherate
a1 which the data were ofiginally sampled, thereby requiring more samples and increasing
the amount of memory required to store the digitized input vocal note in the second buffer.
Withmedauoecupymgmotememoryspaee thepnchofmenomwinbelowered assuming
tt at the rate at which the samples are read from memory remains the same, = .

mrewnpleddataxssmedmaseeondmemorybufferatstepn. Finally,the
hirmony notes are created at step 74 by replicating portions of the resampled input vocal
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note at rates that are equal to the fundamental frequencies of the harmony notes selected in
step 66. o | |
 Tuming now to FIGURE 3, a musical effect generator 100 that produces timbre
shifted, harmonymmaewrding-wmemgthodofthepmtinmﬁonreceivesminput

-vocal note 105 that is sung by & user. mgumﬂ.thecffectgmwr'hasgmictppmcessor

or CPU 138 that is interfaced with a digital signal processor (DSP) 180 and random access
memory (RAM) 121 to produce a number of harmony notes 10Sa, 105b, 105c, and 105d that
are combined with the input vocal note 1o produce a multi-voice output, as described in detail

The microprocessor 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
to allow a user to vary the operating parameters of the musical effect generator. These
parameters include seiecting which harmony notes will be produced for a giveﬁ input note
and the distribution of the harmony notes between a right and left stereo channel.

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 coupled to the microprocassor to 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
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 1o 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. ; -

The digital signal processor 180 is a specialized computer chip that performs a variety
of functions. The program code to operate the digital signal processor resides in 2 ROM 141
that is part of the ROM 140 coupled to the microprocessor. 'Upon startup of the effect
generator, the microprocessor 138 loads the digital signal processor with the appropriate
computer program to generate the harmony notes iooording to the method of the present
invention. ' '
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The effect generator 100 includes a microphone 110 that receives the user’s input
voemlnowandeonvatsntoaeomondmgunalogelecmdvoulsigml The input vocal
sxgm.l:salsorefemdtoasthe‘dry"audxomgnal Themputvocalsxgnallssupphedtoa
lowaassﬁltetluﬂmmmytﬁghﬁequency utrmeousnmse Thcﬁlteredmput'
mlmﬂnmmumdwmanﬂog-b-dipnl(ub)mlmthnpumdmuy

' smuluthemputvodngmlandmvmntodlgmlfom Each time the A/D converter

hasmnewaamplerady 1tmﬂermptstheDSP180uunngtheDSPtoreadthesampleand
stor nmaﬁrstmemorybufferlzzmatnpanofﬂleeffectgummsmdomam
meniory.

| Oneethemputvocalsxgnalhasbeenmpledandswtedmtheﬁrnmemory

buffir 122, thedngxmmgnalpmeeuor 180 :mplementsapnchreeogmummuﬁne 188that .

analwmmedatasmmdmthememorybufferlzzanddeMnmmmch 'I'hemethod
usedtodeternnneﬂ!epmchofanotexsfullydmnbedlnmtu.s Patent No. 4688464
whmh:shmnmcorpontedbyreference Forthepurpomofth:sspecxﬁcanon the terms
“pitch” and fundamennlﬁeqnency ofanonearemmhangenble methepttchofthe
mpuvocalnote,ﬂlepenodofthenmeualcuhwd '
Cmmnonally,ﬂnpenodofamtexssxmplythemvmofmfundmemal

-frequencyexprused mseeonds However, mthepusent embodxmmtofthe invention, the

pm«ndlsalculaaedandsmedmwrmsofthenumberofmemorylouuonsrequuedtostore
awnpletecycleofthemputvwalslgnal Foreumple onecomplewcycleofﬂxenoteA
Mhmmul&mmmylm:xfmpleda“ﬂz(llﬂx“m Therefore,
ﬂ1e11modofA440Hzlsstoredaslo9 Inaddmontodewnmmngmeplwhandpenod
ofam,ﬂndmmmpmmsormomcumueﬁodmwmchmpommm'
alotmxnmmtywheteanewcycleofthemputvoalngmlbenns lmtmlly.the
permdmarketusetmpmnttothebegummgofﬂwmemorybufferinmmemputvoal
is stored. Subseqnentpenodmarkenmulcuhwdbyaddmgthennmberofdataamples

. ina nnglecycleofthemputvoulsngml(ie.onepenod). plustheprevmuspmodmarker

The penod marker is updatedwhenawme pointer thatpmmstothenext available memory
lowmnunusasmalldelaylsbeyondwhmmenewpenodmarkerwﬂIpomt. The period -
mar|iers are used by the DSP lSOtopmdueethehamonynom,aswﬂlbedmnbed.
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The results of the pitch recognition routine 188 are supplied to the
microprocessor 138, i.e., a signal of the pitch of the input vocal signal stored in the first
buffer 122. Within the ROM ldOofmemicmpmcessorisalooknptablethatcorrelatesthe
pitch of an input vocal signal with a MIDI note. lnthepusentlyprefuied'embodimemof
the invention, achMmInotensassngnedanumherbetweenOand127 For example, the
‘note A 440 Hz is the MIDI note number 69. Ifanmputsngmllsnotexacﬂyonpltch then
thenou:eanextherbemuudedtotheclowstMlDlnoteorassxgnedaﬁuuonalnumber. For
example, a note that is slightly flat of A 440 Hz might be assigned a number such as 68.887
by the microprocessor.

' Oneethennmpmcmorhasamedanotetothemputvocalmgnal the
microprocessor determines which harmony notes are to be produced. The particular harmony
nowsprodueédcanbe_individnaﬂypmgrasnmedbymguseror selected from one or more
predefined harmbny "rules.” For example, a user may program the microprocessor to
produce four harmony notes that are a musical third above the input note, a musical fifth
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 beiow 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

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,
a sequencer, Or any other MIDI-compatible device. The effect generator 100 shifts the input

: vocals:gnal to have a pitch equal to the pitch of the harmony notes received. Alternatively,

' thelnstmcuonsofwhxphhannonynommproducemaybesmredonacomputerorasa

subcode on a laser disk. The laser disk may operate with a karaoke or other entertainment
typemachinesuchmat,asausersingsthewordsofakaraokesong,thekanokemachine
supplies an indication of the harmony notes to be produced to the musical effect
generator 100. ' | |
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Once the harmony notes have been determined, the digital signal processor 180
imglements a resampling subroutine 192 that resamples the input vocal signal stored in the

‘meinory buffer 122 at a rate determined by the position of the gender shift controls 156. The

resimpled data is stored in two meémory buffers 128 that are associated with each gender
shift control. By sampling at a lower rate, the timbre of the harmony notes will sound more
feniinine. Almanvely,zfthenmphngmeumaed thehannonynomwﬂlsoundmore
ma iculine. -
msmuahw)showmemredinpmv@wmis.mpubymagimw
precessor to compress the spectral envelope and make the input vocal signal sound more

‘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

2,,¢, ...,1 The samples are sequentially stored as elements of a circular array within

the meémory 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
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

fdeﬁneonecycleoflhemputvoealagnal

Tocompmuthespecuﬂcmwmofﬂlemputvomlugml themmdszgnalns
reuampledandstmedinoneofthetwomnorybuﬁml28(showanlGURE3)atame
slightly higher than the rate at which it was originally sampled. Theresamphngme:s
dl:wnmnedbyﬁlesetnngofthegendersmﬂconu’olslss In the example shown in

- FIGURE 4A, the input vocal signal is slowed by 25 percent. This is accomplished by

resampling the data that are stored in the memory buffer 122 at a time period equal to 0.75
titnes 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
af 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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sample obtained at time 0. _Althonghlinarintetpolaﬁon is used in the currently preferred
embodiment of the present invention, other more accurate interpolation methods, such as

-splines, could be used given sufficient computing power within the dngxtal signal

processor 180, :
' mweﬂledanhavebeenreampledandsmredmﬂleseemdmmorybuffer 128, the

" digital signal processor caiculates a period marker 128b to point to the location in_the

memory buffer 128 where a new cycle of the resampled input vocal signal begins. The
period marker 128b is calculated by multiplying the period marker 122b by the percent
change in the sampling rate. Thus, the new period marker 128b is calculated by multiplying
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
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
processor at a rate that is siower 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.

| Enchmnplehasaoorrespondiqgvalﬁea,b.c,...,lthatisstoredinthe_ﬁrstmemry

buffer 122. The penod marker 122b is calculated to point to the memory location that marks

the beginning of a new cycle in the input vocal signal,

 In FIGURE 4B, memnplmgpenodlsshownasbemgmcrwedbyzs percent

. 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
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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value ofﬂ:edan.omimaﬁm4.ando.2sﬁm:heva1ueofme-mobtainedaﬁme.3,
etc. | |

Again, mmedmhnbemrmmpledmdmmdmmemmorybuﬁer 128
the hgmlugnalprooumrealmlamﬂtemtpmodmarlm lZSbfortherempleddata

. in tlie same manner as described above. AsanbemmﬂGUREd-B,t_henumberof

gam sles between the period markers 1222 and 122b of the original input vocal signal is 12,
Whin the sampling period is increased by 25 percent, only 9.6 samples exist between the
peri>d markers 128a aid 128b. Therefore, the total number of samples required to store a
complete cycle of the input vocal signal has decreased by 20 percent. |
' mﬁwmdymfmembo&mt'ofmepmntinmﬁm;aummm'
ordlacxusethenmplmgnﬁeby#-ﬁ% More or less resampling shift could be provided.
Hovmer,forvoealapphmomnhabemdaemmedmmemmtmhshcmndmg
nmtrtesh:ﬁureobmnedwhmmerenmplmgmelssetbetwemmand +18%.
Once the input vocal signal has been ressmpled at a rate indicated by the gender shift
conirols and stored in the data bufférs 128, the DSP 180 recalculates the period of the
resampled data. For example, the user may be singing an A note at 440 Hz which has a

petixd of 2.27 milliseconds (109 samples at 48 KHz) and have one of the gender controls set

to <-10%. Whmrenmpledatme.newme,thepeﬁod'ofthemmpledealsimﬂwﬂi
be :..043 milliseconds (98 samples at 48 KHz). This new period is used by a window

: gen(monmunne 196 and to a pitch shifting routine 200 (represented in FIGURE 3) that are

mphememdbymed:xinlngnalproemorwmﬂehannonym

' W'ﬁnmfaencewFIGUREZthepmhsh:ﬁmgmuneopmtesbymﬁngaporﬁqn
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,
and to maintain 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

‘peal's 401a, 401b, 401c etc. The signal segment 406 cbntains a complete cycle (i.e. one

SUBSTITUTE SHEET



10

15

WO 96/22592 - PCT/CA96/00026
' -14-

' _puk)oftbemmpleddmbuthu_ab:gmningmdanendthatmrehﬁvﬂysmallin

Referring now to FIGURE 7B, ahmnynoud%ucmwdbymmnga
mofugnalaegmmtsm 406b, 406¢c and 406d together. Comparing the harmony
note408wtheresampledvoalugnal400_(shownm_FIGURE7A),1tmbeseenthattbe
hamony'notehashalfﬂwnumbuofpeah408a,408b.408caseom§uedtomemampled

. data. Therefore, 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 depends on the
rate at which the signal segments, obmnedhysuhng the resampled vocalsignalb'y__ﬂne'
window function, are 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 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
signal segments together. _

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

| windows used in cmt_ing the ha_m_lony notes. The window generation routine 196 described

above stores mathematical representations of four Hanning windows in four memory
buffers 134a, 134b, 134c, and 134d (FIGURE 5). Each memory buffer 134a, 134b, 134c
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))
where x represents each sample stored in the buffer To create a window funcnon wnhm 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
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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thegenducontmlsw+10%and -10%. Whenuungthemusmleﬁectloo the user selects
.-wmchrenmpledmputvoealsnymlwmbeusedtocmaharmonym The user can
Espt:cxfytlutthemputvocalauznalthatxsmampledatameof-i-w%xsnsedtoc.n'elmea
first harmony note, and the input vocal signal that is resampled at a rate of -10% is used to

. crente the other harmony notes, etc. Once the DSP has determined which resampled

input vocal signal is to be used in creating the harmony notes, the leagth of the window
ﬁfuncnmunmuanysawequaltwnceﬂnepenodofdwsmmdmmpkdmpmngnal
”(enpzmedinmnplu)atmpm Next, the pitch of the harmony note to be produced is
‘coinpared with the pitch of the resampled input signal at step 424. If the pitch of the
'hmmmynotexsgmthanthepxtch ofthemampled input note, theDSPptoceedsto

, step426 At step 426, theDSPdmnmesthenumberofsenumu(x)mehamonynote

18! lboveaposmvethreshold Inthepmentlyprefmed embodnmtofthemvmnon. the
'pmnuvemreuholduaetwwosetmm At step 428, thelengthofthememorybufferthat
'su'resthenanmngwmdowusedtocratetheharmmynoﬁexsmdueedbymulnplymgthe

letgthmlculatedatstep422bymemultsofmeequamm
2-:!12

'wltefexumenumbuofwnimﬁmehammynotﬁsabovemepoﬁﬁvemmhold For

ex \mple, nfmeharmmynotensﬁvesemitonesabovethemmhold ﬂlelengthofthememory
‘bulfer is reduced by a factor of 0.75.
| Ifmepltchofﬂ:ehatmonynotetobecreatedlsbelowthepitchoftheresampled
'm]mtnote,melmgthofthewmdowmaybeexpmded At step 430, the DSP determines
the numberofsenum(x)ﬂ:ehmonynoteuhelowanegauvethmhold Inthepresently
priferred embodiment, the negative threshold is 24 semitones below the pitch of the input
note. lfﬂaehamonynoteisbelowtheﬂlmhold 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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window function. Ifso,thelengthofﬂnewmdowfuncnonxssetmmemanmumamount
of memory available to store the window function. .

Ifﬂteharmonymtobecmwdnsnotbelowthenegammmhold thelengthof'
thewxndowﬁuwhmmmmnsﬂlemuwaswcumedmmpﬂz.

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 as determined by steps 428 or 432. This ratio is
used in step 440 to interpolate the window data. For example, if the new buffer has a length
of 284 samples, the buffer 134 is completed by interpolating the data at points 0, 9,1.8,2.7
mthesamematmerasﬂlemputvoulagnalnsresampledasshowan[GURES4A 4B and
described above.

A user can also specify a volume ratio for each harmony note produced. Thisvolume
ratio affects the magnitude of the samples stored in the memory buffer 134. If the user
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 0.5. The volume ratio is determined at step 440 and each value

in the memory buffers 134 is muitiplied by the volume ratio at step 442,

Retumning 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
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 and 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

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

operation of the resampling and the operation of the pitch shifting routine 200.
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To produce more natural sounding harmonies than could be obtained using prior art
pitch shifting techniques, the present invention replicates a portion of the resampled input
vocil signal that is already pitch and timbre shifted as a résult of the resampling. Turning
nov' to FIGURE S, meptwhduthngrounneZOOpetfotmedbyﬁwdlgmlagnal
mml&umhﬁduﬂngmemofhmymamm 230, 240

"and 250. Bachhmympmdmonehmmymﬂutumixedwiththedry

udhongmlmredmthemorybuffer 122. ’mehmymmbectateduesupphed
tonedigitalslgnalpmcusoronalud 162 and stored in a look up table 260. The look up

_'uhlemthmﬂndxgmlugnﬂpmommusedmdemmeﬂwﬁmdammmfmqmyfor

udlofmeharmonynom
&chharmonygmeratormﬂnnﬂledngmlagnalpmrprodumoneofthe
harinony notes stored in the look up table 260. As described above, the harmony geénerators
scale one of the resampled input vocal signals with the Hanning window stored in the
hmnonygmmmrsassouawdmemorybnfferlm 134b, 134c, or 1344, at a rate equal

'wtneﬁmdanwmalfrequmcyofﬂlehannonynotetobem

Thedryaudnoagnalandﬂneamputsmﬂofachofﬂnehmygmmmzzo
230, 240 and 250 is supplied to the summation block 210 that divides the signals between

feft and right channels. For example, the output of harmony generator 220 is supplied toa

miver 224. The mixer allows the user to direct the harmony produced to either a left or
rigit audio channel or 10 a mix of the right and left audio channels. -Similarly, the outputs
‘of he harmony generators 230, 240 and 250 are fed to corresponding mixers 234, 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 miixers 224, 234, 244 and 254 feeds a
mumaumbhckmmaeombmesaumehammyngnalsforthenghtaudwehmnel

mmmmmmﬂwm:medryaudmngnﬂfmmmememory

:bufferlzzandappﬁultwannmzuﬂmanbeopemtedbytheusenoduectthedry
_ andio to the some combination of the left and/or right audio channels.

Althoughmedlginlngnalpmm 180 is shown including four harmony generators,
‘tho e skilled in the art will recognize that more or less harmony generators could be provided

de;ending upon the memory available and processing speed of the digital signal processor.
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Tuming now to FIGURE 6, the details of the functions performed by each of the
hmmnymemorsaresmwn Eachofthehmnonygenmrsmcludesaplmhty of
wmdowedandmgmmm 310, 320 and 330. Elchwmdowedaudmgenemor
opuatesmsedeﬂnrenmpledmputvocalugnalbymenannmgwmdowasdmﬁbed
above. A timer 340 within the windowed audio generator is supplied with a value equal to
the fundamental frequency of the harmony note to be produced. The fundamental frequency
is determined from the look up table 260 (shown in FIGURE 5) that correlates each harmony
notewzthxuconupmdmg fundamental frequency. Whmtheumer340¢ountsdownw
wo,angmlusenttoawmdowedaudwgeneuwrnllouuonblockSSOthatlooksforone
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
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 selected 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.

Aﬁetthebufferpmnm 302, the window pointer 304, andcounter 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,
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
generator 300. |
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The timer 340, the period markers stored in the memory location 262 (FIGURE 5),

~ the umber of points in the window function stored in the memory location 370, and the

Hanning windows stored in the memory locations lumdldynmullyupdawdastheuser
sing:d:fferentnminwﬂlenuaophm -
As described above, forharmonynoteshmngapmhbelwthepmh of the input

' vdcals:gnl ﬂle_llmmngwlndowuealcuhtedwhavgalengthequalw,orlonger;han

twic: the period ofthexnputslpalnsed to create the harmony signal. Therefore, to creite

"2 ha'mony signal that is an octave below the input vocal signal, only one windowed audio

gene rator is needed. However, to create harmony notes having a pitch greater than the pitch
of the input vocal note, the length of the Hanning window is shortened. Therefore, to

-ptoduceanoutpmngmlﬂutnabweﬂwpmhofmereampledmputvoalszgnallequues :

onlytwowmdowedaudmgenenwts. :

*The musical effect generator described above applm a fixéd amount of timbre shift to
apm.hshlﬁednote However, mspossxbletodynammllyvarytheamountofumbmsluﬂ
to further increase the realism of a digitally processed note. S

' Asmd:uwdabove,ﬂlgmumealeffectgenetamroftheprewntf-invmﬁon'mbeused
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
over a MIDI channel. If only one harmony voice s 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
u:mrmmdonﬂurownmmchamel -

“In most instances, memlmmnumpplymgmehmymdosnothave

. enouj:h 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
applicd 10 an individual melody or harmony note. Concepually, it would be possible to code
ﬂlemmlfﬂethatd&nbesmehannonyormelodynotesmﬂxaMlDI message 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 being coded by a keyboard as the user sang. Therefore, there is a need for an effect
gmemmrﬂuteanmeive'themelodyorhmonynomonasinglemmlehannelandassign

_dlffelentunountsofumb:esluﬁtomenotenhateompnse the various voices.

A first altemative embodiment of the present invention is shown in FIGURE 9A. In
ttﬁsembodunent,allmemelodyorhmynotesﬂmtmmeeeompmyaglm song are
encoded on a single MIDI channel. ‘The effect generator is programmed to read the notes
and dynamically assign the amount of timbre shift 10 the notes in real time. The hardware
required to implement this embodiment of the invention is the same as shown in FIGURE 3
and described above. However, the digital signal processor 1801 xs progmmmed ina shghtly
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
sings. memelodyorhannonynoteserereadbythedigitalsignalpmeessorandare
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. |

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
rue. For example, if there are two thresholds, notes having a pitch higher than both
thresholds may be resampled at a 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
resampled at a 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

- accompanies the song.
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Aunalmﬁvetocompamgmepuchoﬂhemdodyorhmonymwswuhapuch

- thre ihold, ﬂlenummmcumbmuuznmemblockﬂSmybeimphmumdbymgmmmg

«hgmlngnalpmumtmcompuemepitchofﬂwhnmymmﬂwpmhofadmmd
mek:dynotethuumedmamtebﬂmﬁlemdumnﬁmdwmeeffectgmon
a MIDI channel 510. Bymﬁmgthedwmdmelodynom,ﬂleeffectmmmlook
muwmmmmwmmmwmmmmym
(mmnngﬂwmernclosewmgmgonhy) Theeffectgmtormyﬂwnmodifythe
_mmtofumbreshiﬁforeachhammynotedepmdmgonﬂ\eexpectedalmuntofpitch
shift.
| Asyetamﬂwralmme, theautomanc nmbreasugnmgblockSls may be-_
xmplemenbdbypmgnmmmgthed:giﬂlagnﬂpmrmeompmﬂupmhofme
haxmonymwnthﬁnmhofthemwtvoeﬂmmdeﬁemmexfﬂuhmymtexs
above or below the melody line. mumbmofmnammymmbemod:ﬁedasa '
_ﬁucuonofmemffmcempmnmweenmepiwhofmhmmymm the pitch of the
ingut vocal note. Becausemeharmonynotupmducedhaveumbresthatdtfferfromthe
m;;utvoalm meydonotsoundhkepnchshifwdvetsmsofthempmm,thereby
_ad:hngrahmtomeemnpomemd

A second alternative embodiment of the effect geummrawordmg to the present
mwennonluhowanIGUREm Haethetnmbreofahmynoﬁusnotmodtﬁedm
amamwrwdlfferenmmehmnonyvowfromﬂlempntvoxcebutumodxﬁedmaway
thnmmcshowamger'svmcechangesuthemgermgsh:gherorlowernmes

mmuswnldfectgammrszorewmanmpmvowagmlfmmamgerand

| malymtheugnaltodemmmenspmh Theeffeugmmrwumastreamofd«ued

malodyorhannonynowsonaMnncimmelSsothumdnmthep:whwwhmhthemput
wmlugmlslmuldbeshmed nedngxnlngnﬂpmeesmvnmintheeffectgmmmr

. dmnaﬂyampsanamountofumbmsh:ﬁtoammhepmdueedurepmemdbythe

b ock 540. meenhlymedngmlngnalpmcmoreompammepiwhofﬂnedenmdmtemth
mepmhoftbcmputvocalsignalcoaeleuhowmuchumbreshlﬁshouldbeapphedmthe
pitch shifted output note. Forexample,theamoumofnmbteduﬁmayvaryhnurlywnh
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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pitch of the desired note differs from the pitch of the input vocal signal by more than some
predetermined amount. Once the amount of timbre shift has been determined, the digitized
input vocal signal is resampled and the output note is created by replicating portions of the
resampied input nowatameequalmthefundamentalfrequencyofthedwredoutputnote
asdescnbedabove _ : _

Toachwveamhsncnmbm:hlhthatmxmsthephynalchmgesthatnkeplaeem
a singer’s vocal tract, the resampling rate should be slower than the original sampling rate

 for notes that have pitches higher than the input vocal note. Conversely, the resampling rate

should be faster than the original sampling rate for notes having a pitch below the input vocal
note. As an alternative to changing the timbre ot'anotebased on the amount of pitch shift
required, it is also possible to vary the timbre based on changes in the loudness of the input
vocal signal. The digital signal processor analyzes the magnitude of the digitized 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
‘been sung. Once the effect generator has determined the pitch of the input vocal signal, the
d:gltalsngnalproessorstansanmmmlumerthatkeepsnackofthelmgthofumethepltch_
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
applied to note. ' |

Using the effect gencrator shown in FIGURE 9B, the composite output signal sounds

~ more realistic because the notes simulate 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
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 buili wherein the amount of pitch shift used in data
resampling is fixed and that requires only one windowed audio generator. Such a device
would be 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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cmﬂdbensedbyndmannouneerswhowantﬂmrvmcetosomddeeper Inaddmon,the
mvenuoneanbeuudmﬂlmputmﬂmmrewvedfmmmulmsuumu The
tumltoftheumbreslﬁfungcombmedw:thpﬂchshnfnngallowsonems&umenttosoundhb

Addiumahy,thepmfamdemhod:mtofﬂwmvammﬁm:mploysﬂiemphng

puci\stumngfollowedbymepnchslnfhngaceomgwﬂleuntmethod Tt will be -

appieciated that the reverse process could also be used, whaebytheontputngnalscruted
mvﬂwwnmethodmmmammrybuffermdmpledatanewmemﬁmher
shifl the pitch. Eachofthemethods,l.emandpmhslﬁfﬁngbymnmphng opemteas
previously described. Mcuetwomneswkeepmnundwhmmplemungthestepsm
the 1everse order. Fxrst,theoutputofmepnchsluﬂerthatopemesaecoxdmgtomelmt
meﬂndmhngerdnmﬂyconﬂolsﬁwfundamennlﬁeqnmyofthewmnompmagnﬂ
Thei efore, uisnecusarytocompmsateforthepmhshlﬁwmchoecursaamhofﬂw
resainpling. For example, lfthetmbreshnﬁconttolwassettomahasmgasound more
fem:le, thc:enmphngp:tch sluﬂerunghtadjustthepntchupwardsby, say, 12%. If it was
desuedtoptoduceaumbreshlftedoutputsxgnalatafrequencyofmnz ‘then the pitch
smﬁmthatopemesmeordmgtoﬂwlmtmethodwouldhavewbesettooutputaslgnal
mthaﬁmdmentalfrequencyofuonlz 39286Hz Ingenual therelanonxs
TSF = LF*PSR '
whe:e:
" 'TSF = the frequency of the ﬁmdamental pmch of ﬂae '
timbre shifted output signal; '
LF = the frequency of the fundamental pitch of the
outputngnalofthepmhsluﬂermatopmmaccordmgtothe
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
Figure 6 will be different. When the Lent method pitch shifter is the last step in the process,
thislimerisd’ecremmtédattheﬂinple'mteofthesymm;forexampleu.lmzinaisysnem

sussmumsﬂsei
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providing CD quality audio. This guarantees that the Lent method pitch shifter can provide

a continuous stream of pitch shifted audio at that rate. When the Lent method pitch shifter
passes ltswtputmtheresamphngpmh shifter, ratherﬂmndueetlytotheomput,

timer 340 is clocked at the resampling rate. Tlusensumﬂmtthetwopmcesmopemem
synchrony. If the resampling is occurring at a higher rate, as in Figure 4A, the Lent method
must be producing replicated pitch periods at a higher rate to keep the resampling pitch
shifier continuously supplled with data. Similarly, if theruamplmg is occurring at a lower

_ rate,asmFxgure4B meLentmethodneedmnypmducerephmmdpnchpenodsatalower
. rate to keep the resampling pitch shifter continuously supplied with data.

* While the preferred embodiment of the invention has been illustrated and descnbed
it will be appreciated that various changes can be made therein without departing from the

_ spmt and scope of the invention. Ihereforé, the scope of the invention is to.be determined
~ solely from the following claims.
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membodimemsofthemvexmonmwmchanexcluavepmpenyorpnwlegexs
clmmedmdeﬁnedasfollows
1. Anmdofc:uungaumbteshxﬁedoutputsngmlfmmanmputngml eompnsmg'
the steps of: -
_ muvmgadxgmlrepremtaﬁonofmmputngxmrhathasbeenampledataﬁrst
rat;
o reamphngmddlgmlreprelennumofthemputngndatamﬂmﬁntdxffm_
fmmtheﬂrstme,and o - '

creating a digml repmentmon of the timbre sluﬁed output sngna! by penodwally
.exlncnngasegmmtofthemmpledmputs:gnalandrephmngtheexmcwdsegmemsat
_axaleeqﬂtoafnndammtalfrequmcyoftheoutputsxgml ' .
2. Amed\odofcmnngatlmbm pmchshxﬁadoutputslgnalfromanmputsngnal
~conprising the steps of:

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
 exiracting a segment of the input signal and replicating the extracted segments at a rate equal
to a fundamental frequency of the pitch shifted output signal; and

creating a digital representation of the timbre shifted output signal by resampling the
dig’ital representation of the pitch shifted output signal at a second rate that differs from the
first rate.
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 ThemeﬂlodofClanml wheremthemputsxgnalhasafundamennlfrequencyand
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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6. 'I‘hcmethodofClmmslorz whummestepofmwvmgadlgmlrepmemauon
of the input signal comprises the steps of:

receiving an analog representation of the input signal; and

applying the analog representation of the input signal to an analog-to-digital converter
: bconven.ﬂleanﬂbgrepremmﬁmofﬂxeinpuuignﬂtoadiginlreprewmationoftheinput
7. ThemeﬂwdofClumslmz whuunmemputsxgnalxsanoﬁepmducedbya,
musical instrument.
8. ThemethodofClaxmslorz wheremthemputsngnalisavoealnote
9. Amethodofgmungahmbreshxﬁedoutputvocalngnalfromanmpntvocal
signal, comprising the steps of:

receiving a digital representation oftheinputvoeal_signalﬂlathasbemmpled at
a first rate and resampling the digital representation of the input vocal signal at a second
sampling rate different from the first sampling rate to create a resampled input vocal signal;

~creating a digital representation of the timbre shifted output vocal signal by
periodically extracting a segment of the resampled input vocal signal with a window function
and replicating the extracted segménts at a rate equal to a fundamental frequency of the
output vocal signal,
10. A method of generating a timbre, pltch shifted outputvoulsngnal fmmanmput 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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receiving an analog representati ion of the input vocal signal; and -

applying the analog representatian of the input vocal signal to an analog-to-digital
conmwcmvmﬂlemﬂogrepmnmnofthemputvoulaguﬂwadngml
repmumuonofthempmvoeﬂsignal
12.  The method of Claims 9 or 10, fnnhereompnnngthemoflpplmthedlgml

repiesentation of the timbre shifted output vocal signal to a digital-to-analog converter to -

mmmmmmofmmmmmmwmm
rep: esentation of the timbre shifted output vocal signal.
13. 11:emethodof€lmm9or10whmnﬂwnmutvoedngmlhasaﬁmdammtal
ﬁumcyandmehmbmshlﬂedoutputvoealugmlhasafundamentalfrequencyﬂmuthe
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 - ;
15S. The method of Claim 9, wherein the input vocal signal and the timbre shifted output
vocal signal have a fundamental frequency and wherein the step of extracting a segment of
the resampled input vocal signal further comprises the steps of: %
| generating a window function having a duration that is a function of a difference
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: :
gmnngawmdowﬁmchonhamgadurauonﬂmisafuneﬁonofadiffmnee
. belwemmemndmnlﬁequmyoﬁhemplnvoalagnﬂmdﬂwfundammnlﬁeqmcy'
" of the pitch shifted output vocal signal; and
| muluplymgdlewmdowfuncnmandﬂledlgmlrepmunonofﬁmpmhsinﬁed
. ouput 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 to resampling and wherein the digital representation of
theinput'voul:ignaleompﬁmanumberofcydes each cycle occupying a number of
memory locations, thestepofresamphngthedmtalrepruenﬂhonofﬂnemputvocalsngnal
ﬁmhercompnungﬂnextepsof
stonngﬁlerenmpledinpmvoulngmlmahrgernumberofmemmylwmonsper

——

I ] IIIII_I My Illl

cyclemmmoccupwdbyﬂwdmmtepmuumofthempmweﬂngnﬂxfmemd _

sampling rate is faster than the first sampling rate; and
| storingtheresampledinputvocalsignalinafewe:nmnberofmemoryloaﬁonsper

cycle than are occupied by the digital representation of the input vocal signal if the second
sampling 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
voealsignalifthéséebnds_amp_linggaycisslowerthan 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
themputvwalsngnalxsperfomedusmgahnmmterpolamn
21. Themethod ofClmm 10, wherein the step of resampling the pitch shified outputvoul
signal is performed by interpolating the digital representation of the pitch shifted output vocal
signal. . .

22. The method of Claim 2], where the step of in_terpol_ating the digital representation of | '

the pitch shifted output vocal signal is performed using a linear interpolation.
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23.  An spparatus for producing a timbre shifted output signal from: an input signal,
a digital memory;
adlgmagnﬂprmmformmgadlgmlmpmmnofﬂlempnmgnﬂmat

hasbeensmpledataﬁmmeandforstonngﬂledxgmlreprueanofthempmsngnal'

intwd:gmlmemory
munsforreamphnsthed:gmlmpmmuuonofﬂxempmngnﬂmuummme

'ﬁgmnmyaammwdﬁusfmmﬂwﬁmm,mmrmngthemphd

mpltugnalmthedngmlmemmy and
apm:hsluﬁerforcmungadxglmrepmmanonofﬂleumbreﬂﬂfﬁedomputngnal

bypmodnunyexmnngasegmemofmeresampledmpma@almdrephuung the
extracted segments at a rate equal to a fundamental frequency of the timbre shifted output

sigral. . . o

24. nwapparamsofCMmZ‘.’o further comprising: -
anumphoneforconvemngﬂ\empmmmwaeomspondmgelecmealmput

signal; and .

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

and cmvuungthedecmenlmputngnﬂmmthedxgmlnpmsennumofﬂlemputagml

25, TheappanmsofClmmZS fntdtercompnsmg '
adlgml-to-analogeonverm to convert the digital repmemauon of the timbre shifted

oulputngnalmananalogrepmtanonofmenmbreshxﬁedoutputsxgml '

26. TheappammsofCh:mB funhercompnangacontrolforvamngmesecondmte

at 'which the input signal s resampled. |

27. Theapparamsofdumﬁ whuunthepitchsluﬁetummaaegmem ofthe

mmphdmnmﬂbywﬂmgthemledmputngnﬂm&awmdowfuncmn

28 appantusofClumz'l wherein pitch shifter scales the resampled input signal

'whu;ewuuowfuncnonmmmmshumomcmwmef.mdamenmfmqmcyof

the input signal. ' '

29. TheappanmsofClumZ‘l whaemthemputsxgnalhasaﬁmdamumlfmqumcyand

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

i Y
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means for adjusting 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 signal.
30. The apparatus of Claim 29, wherein themuns for adjusting the duration of the
window function decreases the duration of the window if the fundamental frequency of the
" timbre shifted output signal is greater than the fundamental frequency of the input signal 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: 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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st o s of i 31, i comprtin | FARE Yy H llll
mmformumgamdmfamcemmatdeﬁmamondfundamenm
freuency; :
) whaunthecommmdymﬂwufuencembycompmngmdfmdmeml
ﬁumcyofuidﬁmrefamemwiﬂlnidfundamennlﬁeqmyofmesecond
refemcenowandsdecnﬂnmphngmeuafuncnmofﬁedxffmbuwmme'
ﬂmlamenhlﬁeqmcyofthemfermeenoteand theﬁmdammtalfrequencyofmeseeond
35. Asystem for c:uhngaumbre shnﬂed and/or pitch shifted output s:gnalfromanmput
sigral, comprising: |
' ‘means for receiving a digital representation of the input signal that has been sampled
at a first rate; -
means for receiving a reference note that defines a desired fundamental frequency of
the limbre shified output signal; '
' - mnsforcalculanngthelengthofnmethemputsngnalhasbeenmved
aeomparatorthatanalyus said length ofnmeforwhichthemputsngnal hasbeen
reeewedmdselectsar&mphngmeasafmmnofsmdlengdmfum,
| adxglnlugnﬂprmrforresamphngmedlgmlmpmmmofﬂlempmagnal
au.udselectedresamphngma, .
a pitch shifter for creating the timbre shifted: outputs:gnal by amactmg a segment of
the resampled input signal and replicating the segmems at a rate substanually equal to the
funclamental frequency ofmdmferenecnote ' ' :
36. A system for cmtmgaumbre shifted and/or pitch shifted output signal fromanmput
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
andselectsarenmphngmeasafuncuonofthemgmtude,_
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- a dngml signal processor that resamples the digital mpresemanon of the mput sxgnal

" at the selected resampling rate; and

a pitch shifter for creating the timbre shifted output signal by penodxca.lly exmung
~ @ segment of the resampled input ngnal and replicating the segmems at a rate substannally
equaltosudfundammulftequencyofmerefumcenote :
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