-1 PI TCH DETECTI ON OF SPEECH SI GNALS Technical Field 5 [001] The present
invention relates to the pitch detection of speech signals for various
applications, and in particular, to a nmethod and system providing pitch
detection of speech signals for use in various audio effects, karaoke,
scoring, voice recognition, etc. 10 Background Art (002] Pitch detection of
speech signals finds applications in various audio effects, karaoke,
scoring, Vvoice recognition etc. The pitch of a signal is the 15 fundanenta
frequency of vibration of the source of the tone. (003] Speech signals can
be segregated into two segnents: voiced; and unvoi ced speech. Voiced speech
is 20 produced using the vocal cords and is generally nodelled as a

filtered train of inpul sespdiivkracki8RUSH YpEsifaToniiyoi ced speech is
generated by forcing air through a constriction in the vocal tract. Pitch

detection involves the determ nation of the continuous pitch period during
the 25 voiced segnents of speech. [004] The terns "speech" and "speech

signal” are a broad reference to ebkhhoed® Wife1gener ated audi o or sound. For
exanpl e, "speech” and its associ ated "speech signal”™ can 30 refer to

t al ki ng, §ingm@gl at t eTpe edpsesgitng, imhestidmg, rehamms ngroa tkeit pliccht C.
The "speech” and_.ispgech s " or| i nate froman individual .or a
group, bei ngG%unﬁn ani na#g%c?{ &t gl%\r/i\nsse 9Th%mmf)See allc(ﬁfllﬁ'nﬁl’ gBeln
artificiallypaZtlcular, to a metnod and system providing pitch detection

of speech signals for use in various audio effects, karaoke,

scoring, voice recognition, etc.

Background Art

fooz2] Pitch detection of speech signals finds
applications in various audio effects, karaocke, scoring,
voice recognition etc. The pitch of a signal is the
fundamental fregquency of vibration of the source of the

tone.

[c03] Speech signals can be segregated into two
segments: voiced; and unvoiced speech. Voiced speech 1is
produced using the vocal cords and is generally modelled as
a filtered train of impulses within a frequency range.
Unvoiced speech is generated by forcing air through a
constriction in the wvocal tract. Pitch detection invelves
the determination of the continuous pitch period during the

voiced segments of speech.

[004] The terms “speech” and “speech signal” are a broad
reference to all forms of generated audio or sound. For
example, “speech” and its associated ™"speech signal”’ can
refer to talking, singing, attempted singing, whistling,
humming, a recital, etc.. The “speech” and “speech signal”
can originate from an individual or a group, being human,

animal or otherwise. The “speech” could also be artificially




gener at ed,

There exi st presently known techni ques for

for exanple by a conputer or other electronic device. [005]
pitch 5 detection (see W Hess,

"Pitch Determ nation of Speech Signals: Al gorithms and Devices”

Springer-Verlag, 1983). A tine based pitch detector, estinates’the pitch

period by determning the glottal closure instant (GCl) and neasuring
time period between each "event". Frequency domain-pitch 10 detection can
then be used to determi ne the pltch Thus, the speech signal is processed
peri od- by-period. Autocorrelation Technlques [006] Correlation is the

measure of simlarity of two 15 input fungtions,

autocorrelation function T(d), the input functions are the sane signal
x(n), as sho@RREFatRflat fOR EXATRLE (Y -2 L CRMBUYER ( OF. xqiher dglertyopic |
20 (1) where, gdviepresents the lag or delay between the signal and a
del ayed segnent, and N represents the nunber of sanples of the input under
consideration. If the signal is periodic or ‘quasi-periodic, the
simlarities posypen XGRL-aNGGH e det) NhE coligsaLLelal Ut cc
coefficients are also highif the "lag is équal to a peritod or a 55 i pl e of
a period. {00¥§t9&-ide daescofr el%tﬁson f‘ﬁhé?horﬁ%mnﬁelphe of n\Bpesgh

Fourier Trans§ogmqf. tﬂ%&qwnssaﬁat b@%eést hesbf%eé%e%ag@a

chosen as the frequency (f8/d) at which the nmaxi mum of Cﬁ occurs;
where fH is thE"sakpFPRgPifFBqYeseyter. t Rstdpasen sﬁl@napltczh)rrpbrcafﬂl b due
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determining the glottal closure instant (GCI) and measuring
the time period between each “event”. Frequency domain pitch
detection can then be used to determine the pitch. Thus, the

speech signal is processed period-by-period.

Autocorrelation Techniques

[00s] Correlation is the measure of similarity of two
input functions, and in the case of the autocorrelation
function 7(d), the input functions are the same signal x(n},

ag shown in Equation 1,

[(d)=Lim Zx(n) x(n+d) ()

= 2. N +1.%

where, d represents the lag or delay between the signal and
a delayed segment, and N represents the number of éamples of
the input under consideration. If the signal is periodic or
quasi-periodic, the similarities between x(n) and x(n+d) are
higher. The correlation coefficients are also high if the

lag is equal to a period or a multiple of a period.

{o07] As the autocorrelation function (ACF) is the
Inverse Fourier Transform of the power spectrum of the input
signal, the pitch is chosen as the frequency (fs/d) at which
the maximum of the ACF occurs; i.e. where f, is the sampling

frequency of the speech signal. Complications due to unknown

and in the case of the

t he
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é%ge pltch i's



-3- phase relations and formant structures do not arise, as the technique
i s i ndependent of these paraneters. Average Magnitude Difference Function 5
[008] Signhals that are simlar do not exhibit a ot of differences. Thus,
periodicity can be detected by investigation of the global deviation
between the signals. The Average Magnitude Difference Function (AMDF) is
defined as follows: 10 | a+K-1 AMDF(d) = --- | Ix(n) - x(n + d)I (2) K n=9
where, Kis the nunber of sanples in a frame and q is the initial sanple of
the frame. AMDF has a strong mnimumwhen 15 the lag d is equal to the
period of the input x(n). This mnimumig_exactly zero if the input is
exactly periodic and _the frequency (f$fd) denotes the pitch of the signal.
The al gorit hR®8e phaket §qide i ifRemaatt HETREFWETH cdo aner ranbsed ai timut
regard to thepécphass 120 iGARPORGSL: FILQURAGY HRALLOS.£009] An advantage of
operating in the frequency dohain in contras? o other donmains is that the
accuracy of the pitch estimate can be inproved by interpolation techniques.
25 Due to theA@@Pi%e Hﬁ@i@uéiﬁ{fﬁfé%ggeor@&%npri nciples used, the
frequency res i i pectrumis greater than at
the | ower &ndl®¥8k he sFdenadm thatseret Femiladadentat eixbhbihawe latwesk
anpl i tude andghencndals IS |1y : s ratjos,aof h nic
frequenci es g? 30 tﬁgk%fffeggﬁ%é bé%%gggaggfgceﬁgﬁgpeggraIg%ggﬁse%auéﬁa by
investigation of the global deviation between the signals.

The Average Magnitude Difference Function (AMDF) is defined
as follows: '

10

AMDF(d) = —}{—qfllx(n)—x(nf d)| (2)

n=q

where, K is the number of samples in a frame and g is the
initial sample of the frame. AMDF has a strong minimum when

15 the lag d is equal to the period of the input x(n). This
minimum is exactly zero if the input is exactly periodic and
the frequency (fs/d) denotes the pitch of the signal. The
algorithm is phase insensitive as the harmonics are removed
without regard to their phase.

20

Component Frequency Ratios

{009] An advantage of operating in the frequency domain
in contrast to other domains is that the accuracy of the
pitch estimate can be improved by interpolation techniques.
25 Due to the Short Time Fourier Transformation principles
used, the frequency resolution at the higher end of the
spectrum is greater than at the lower end of the spectrum.
Also, the fundamental might have a weak amplitude and hence
it is usually computed as ratios of harmonic frequencies or
30 the difference between adjacent spectral peaks caused by

higher harmonics.



hi gher harnonics. -4- [010] In cases where the fundamental is absent, it is
sufficient to neasure the di stance between the adjacent or even

non- adj acent peaks of the spectrum representing the higher harnonics of
the periodic or quasi-periodic signal. 5 The ratios of the higher frequency
harponics are nore accurate as the frequency resolution inproves at higher
frequenci es. The greatest common factor is the pitch of the speech signal.
10 Time Domai n Techni ques [011] Autocorrel ation techni ques are susceptible
to frequency overlap problens, also referred to as pitch halving or pitch
doubling. Also, an autocorrelation has tas-be conputed over a w de range of
| ags to determ ne the 15 optinum pitch. Though a rough idea of the pitch can
be obtained ffbW the dnif&ssst W& cFhr sFHEdaneHalnuhherbeent opéfatisons
required for agetidiledtpidds mdlpiaet it CafbdigiceC Ymvkahi @l lggdeaRsige. 20
[012] The AMDF algorithmis susceptible to intensity variations, noise and
| ow f r equency®§Hur P32 3fifdlts  PRHIThOL dithectIRECARRBe t NEpEeRaFsingdensf t he
principal ni niiBHBAhTGrord R sFIEIUERC Yp OB it T8€ NG s dyAL3; oS diepdit. 1S

i npractical to handle | arge segnents. of the input signal, the discrete
versi on of’ t He*ShdAt iPEme®t Fdta ehivh&Rs BYPAYSSIGYT) hagBopt 8P oseE bynorer t nof f
(M R Portngdduratlephsmiteat EpBqaindpe ol bl oPNase Moe0des: Usi;§,30 the
Fast Fourier Transforni, |EEE Transactions on AcousticCs, Speech a i gnal
Processi ng, \foledquRsSpes4 Thp. FESD- Omeen 6Ypr danthe wdsehi pft kdesi gnal

anal ysis. ShafdeddH™®ignal.

10 Time Domain Techniques

{011] Autocorrelation techniques are susceptible to
frequency overlap problems, also referred to as pitch
halving or pitch doubling. Also, an autocorrelation has to
be computed over a wide range of lags to determine the
15 optimum pitch. Though a rough idea of the pitch can be
obtained from the number of =zero-crossings, the number of
operationg required for accurate pitch detection can be

computationally intensive.

20 {oiz2] The AMDF algorithm iz susceptible to intensity
variations, noise and low freguency spurious signals, which
directly affect the magnitude of the principal minimum at

Ts.

25 Freguency Domain Techniques

{013] Since it is impractical to handle large segments
of the input signal, the discrete version of the Short Time
Fourier Transform (STFT), as proposed by Portnoff (M. R.
Portnoff, “Implementation of the Digital Phase Vocoder Using
30 the Fast Fourier Transform”, IEEE Transactions on Acéustics,
Speech and Signal Processing, wvol. ASSP-24, pp.243-248, June
1969), can be wused in the sgignal analysis. Short time
segments of the signal are “windowed” according to Fourier'’'s

theorem, which states that, any pericdic waveform can be



segnents of the signal are "w ndowed" according to Fourier's theorem which
states that, any periodic waveform can be -5- nodeled as a sum of sinusoids
wi th varying anplitudes and frequencies. [014] A fundanental problem which
arises due to the 5 STFT, is "snearing"” of the frequency response, which is
illustrated in Figs. la-d (prior art) If the signal frequency coincides
with one of the "bin" frequencies of the STFT, the original anplitude is
retained after the STFT. However, if the signal frequency lies in between
two 10 adjacent bin frequencies of the STFT, the energy is spread over the
entire spectrum as is conparatively illustrated in Figs. 1(a) and 1(b),
where the y-axi s presents signal anplitude in a logarithmc scale. Also, in

the later casBLE (e PedRMf PEqUEARFOLASs WHEbWESRYARE faPadénterr @gdency

15 bins, the srghidnddesdetected is less. This is conparatively illustrated
in Figs. 1(c) and 1(d), which plot the anplitude spectrumin a |linear
scale. If the anplitude of the pitch frequency is too small, it m ght not

be quantifiedi@sija pohertundameabdi dg@b1ERNCEMmidn | SrEsdd i aak tQ defgrmne
the 20 true frequency of the signal. %015 This identifies a need for pitch
det ecti on “of SHpeech®si"GEREIHAT clPfovElR orfdeWEnGY 1%esPONgRe| iWHittesishe

probl ens inherenfstiratéhe pii arigyt. 1254D 3pLosHT €3 Qf) | nvgnt icgR [nghaﬁy
taking into count harnonic relationships wthin the signal spectrumwhile
cal cul ati ng tHEINERER, CPirFidfseit PRFeRfi Bici bk £uagvencieraré the pitch

hal ving and 3frmy,t cdhedoubldvhipr eapeiBudaced RBecstandard iy Me: (loNBipy
However, if the signal frequency lies in between two

10 adjacent bin frequencies of the STFT, the energy is spread
over the entire spectrum, as is comparatively illustrated in
Figs. 1l{(a} and 1(b), where the y-axis presents signal
amplitude in a logarithmic scale. Also, in the later case,

‘as the peak frequency lies between two adjacent frequency

15 bins, the amplitude detected is less. This is comparatively
itllustrated in Figs. 1(c) and 1{(d), which plot the amplitude
spectrum in a linear scale. If the amplitude of the pitch
frequency is too small, it might not be quantified as a
potential candidate. Hence, it is critical to determine the

20 true frequency of the signal.

{015] This identifies a need for pitch detection of
speech signals which overcomes or at least ameliorates the
problems inherent in the prior art.

25

Disclosure Of Invention

[o16] By taking into account harmonic relationships
within the signal spectrum while calculating the pitch, the
present invention is able to eliminate the pitch halving and
30 pitch doubling problems faced by standard time domain

algorithms.



algorithns. -6- [017] To resolve the issue of estimating peak frequencies

I naccurately due to frequency "snearing", the exact frequency of a peak is
determ ned by using phase interpolation techniques. The harnonic
relationship of the 5 signal and a pitch-tracking algorithmare used to

i nprove , the reliability of the pitch estimate. [018] According to a broad
formof the present invention there is provided a system for determ ning
the pitch of .10 speech froma speech signal, the systemincluding: (1) an
I nput device to receive the speech and generate the speech signal; and, (2)
a processor, the processor adapted to: (ajk-distinguish the speech signal
into voiced, _15 unvoiced or silence sections using speech signal energy
levels; (b) apptY a Fodd er TFFRHET or fb€o th%SW%icégf spebémakinmal nawk

obt ai n speeche sl iRA A& Tated) ARler M6 NG REAKSPT hRAEULVET the
transformed 20 speech signal; (d) track the speéch signal pa(anefers of the
det ermi ned pef@ch o fserEERCHarti at s Peakd, 1% e degervingde vheupingh thage t he

sel ected parii@dHdisinn? letln'@iesl SHFBECRa@REAL - C2Ledl 8bHhOR  p 28¢ [ A1
According to particular features of an enbodinment of the invention, the
speech si ghalSignra cardd2 Pdfphessaeking fkagrithm amrli vsed dat amprgval , and

the systemis adapigdniiQcPesf AHB HBaknt LEBiRLGCESSi ng of live speech
signals. 30
[018] According to a broad form of the present invention
there is provided a system. for determining the pitch of
10 speech from a speech signal, the system including:
(1) én input device to receive the speech and generate
the speech signal; and,
(2) a processor, the processor adapted to:
(a} distinguish the speech signal into voiced,
15 unvoiced or silence sections using speech signal energy
levels;
(b) apply a Fourier Transform to the voiced
speech signal and obtain speech signal parameters;
{c) determine peaks of the Fourier transformed
20 speech signal;
(d} track the speech signal parameters of the
determined peaks to select partials; and,
(e) determine the pitch from the selected

partials using a two-way mismatch error calculation.

25
{019] According to particular features of an embodiment
of the invention, the speech signal is a coded, compressed
or real-time audio or data signal, and the system is adapted
to perform real-time processing of live speech signals,

30

[oz0] According to another broad form of the present
invention there is provided a method of determining the
pitch of speech from a speech signal, the method including

the steps of:



[ 020] According to another broad formof the present invention there is
provided a nethod of determning the pitch of speech froma speech signal
the nethod including the steps of: -7- (1) producing or obtaining the
speech signal; (2) distinguishing the speech signal into voiced, unvoiced
or, silence sections using speech signal energy levels; 5 (3) applying a
Fourier Transformto the voiced speech signal and obtaining speech signal
paraneters; (4) determ ning peaks of the Fourier transformed speech signal;
(5) tracking the speech signal paraneters of the 10 determ ned peaks to
select partials; and, (6) determning thespitch fromthe selected partials

usi ng a two-way ni?qatch error cal cul atian. EOZl] Preferably, but not
necessarily, prior‘to ZFPAYFAGS 35 W ILS0RI BRE TFRRRG b IFhIRA ndowi ng

procedure is applied taikhengheseinsi aal . spesenpr sighab! yindde window ng
procedure wutilises a Blackman w ndow, a Kalser w ndow, a Raised Cosine

wi ndow or ot hfViGfigsoPlalsisdde 58CtH2 RFLBIpIRGGH aFighdbdisnanay t he
Fourier Transf&rdms;i ncorporates a frame size. Preferably, the frames are

overlapping. In a further_ particul ar enbodi nent, the signal paraneters form
trajectori®es that @re BPREKERE odeFOUrieRe| Beansf Wimiser tdfe fiaimesl spesthr abl y,

trajectories gidmaNeasuSbbigi dMey JP¥eent BagnanepdFAR A6 utilised. [023]
Al'so preferably, the signal paraneters are frequency, phase and anplitude.
In a further partil@dl afeteRBRitENtPe3 S e} pddtf nFProiexdurteradns fgzaedi n

determ ning gspeech signal;
(5} tracking the speech signal parameters of the
1¢ determined peaks to select partials; and,
(6) determining the pitch from the selected partials

uging a two-way mismatch error calculaticn.

[021] Preferably, but not necessarily, prior to applying
15 the Fourier Transform a windowing procedure is applied to
the speech signal. Also preferably, the windowing procedure
utilises a Blackman window, a Kaiser window, a Raised Cosine

window or other sinusoidal model.

20 [022] In a particular embodiment, the Fourier Transform
incorporates a frame size. Preferably, the frames are
overlapping. In a further particular embodiment, the signal
parameters form trajectories that are tracked over a
selected number of frames. Preferably, trajectories

25 persisting over more than one frame are utilised.

[023] Also preferably, the g2ignal parameters are
frequency, phase and amplitude. In a further particular
embodiment, a zero padding procedure is used in determining
30 the peaks of the Fourier transformed speech signal. In still
a further particular embodiment, a determined peak falling
withinA a specified freguency range of a harmonic of the

pitch is set to the frequency of the harmonic.



30 the peaks of the Fourier transforned speech signal. In still a further
particul ar enbodi nent, a determ ned peak falling wthin a specified
frequency range of a harnmonic of the pitch is set to the frequency of the
harmoni ¢ [ 024] Preferably, the two-way m smatch error calculation conpares
each neasured partial to the nearest predicted harnonic and each predicted
harnonic to the nearest neasured partial to provide a total error. 5 [0251
According to yet another broad formof the present invention there is
provi ded a systemfor estimating the pitch of speech froma speech signal
the systemincluding: (1) an input devicegto receive the speech and produce

10 the speech signal; (2) a nenory unit or storage unit adapted to
communi cate r ﬁﬂﬁred d&rgiesablyr dees TRy Wair WﬂSWQFChhérp@bc@%%@uﬁfunuﬂ

operating on &&'ﬁ‘pa%%ecgaéhgm@asu‘%gg adanted tes léqezongg}eggc the Speech

signal into voiced, unvoiced or | ence sections using speec S|gna ener gy

level s: (b) apRmPRE cFasd F@ehlﬁrecﬁ?w drErmesicheovehe eteaspreteasivgiedl  and

generate speeghySignab e%@me&%at@ﬁ) sgabeul ate peaks of the Fourier
transforned ‘speech signhal; (d) track the speech signal paranmeters of the

det ermi ned® peaks to select partials; and, (e) calculate the pitch fromthe

sel ected 25 pafidjal S USLBGr@:ASQIRDLTLSHREED BELOE AAkWALLQN. present

invention there is provided a system for estimating the
pitch of speech from a speech signal, the system including:
{1) an input device to receive the speech and produce

10 the speech signal;

{2) a memory unit or storage unit adapted to
communicate required data to a processing unit;

(3) the processing unit operating on the speech signal
and adapted to:

15 {a) section the speech signal into wvoiced,
unvoiced or silence sections using speech signal energy
levels;

(b} apply a Fast Fourier Transform to the voiced
speech signal and generate speech signal parameters;

20 (¢} calculate peaks of the Fourier transformed
speech signal;

(d) track the speech signal parameters of the
determined peaks to select partials; and,
{e) calculate the pitch from the selected

25 partials using a two-way mismatch error calculation.

[026] According to the invention, frequency domain
approaches for pitch detection of speech signals are
preferred, as they have been found to provide better
30 results, According to other possible aspects of the
invention, an energy estimator can be utilised to help
detect the voiced and silence sections of the speech signal.
The frequency domain parameters can be obtained from a

sinusoidal model by windowing overlapping segments of the



[ O 2 61 According to the invention, frequency domain approaches for pitch
detection of speech signals are preferred, as they have been found to
provi de better 30 results. According to other possible aspects of the

i nvention, an energy estimator can be utilised to help detect the voiced
and, S|Ience sections of the speech signal. The frequency donmain paraneters
can be obtalned froma sinusoidal nodel by w ndowi ng overl appi hg segnents
of the -9- signal and taking a Fast Fourier Transform (FFT) . However,

ot her maveforn1or function nodels can be utilised in the w ndow ng
procedure. The accurate determ nation of_ghe peaks in the frequency
spectrumis inmportant. The harmonic 5 relatlonshlp of the signal is

consi dered i rﬁltgrﬁ@lplatf@h tadkdngmat Fasr cimuider iTupnséaks fI&FIT) ng Hewelikn, a

SPeC il oY RO A SO L0l LULNT (RSBEDL ARG O LhE

invention, which 10 can inprove performance, is a racklng b
whi ch can as§ﬂ§@0Wén9bPaw¢ﬁdunﬁJrébe @spunatesdeﬁeIWKRQM1boho@fthhepeskgnal

based on previousf.rames itc orithm can_be used to
estimte the pitch of cce IV%?%FGHES rleg&%égcrigglon oF "By es

[ 028] The5pré§éﬁﬁlpﬂﬂh¢m|(nf shbal dsbewohe imppareaidérain umhethellpmt@@
descri ption, S of y a preferre but
e%hﬁgté Qﬂ& e\é%?o escCri %Sélﬁffé; ’Wl%kl?l oh ®PTH* g FééJ

non-limting enbodl nmen ereo connec
acconpanyi ngrkrgares. a[hnéﬂomﬁpgs. la and I'b (prior art) illustrate exanple
| ogarithm c anplitude responses of: (a) a sinusoid at the bin frequency,

and, (b) a sinusoid between adjacent bins
[027] A further possible aspect of the invention, which

10 can improve performance, is a pitch-tracking block, which
can assist to obtain accurate estimates of the pitch of the
signal based on  previous frames. A  pitch-tracking
method/algorithm can be used to estimate the pitch of
successive frames.

15

Brief Description Of Figures

[028] The present invention should become apparent from
the following description, which is given by way of example
only, of a preferred but non-limiting embodiment thereof,

20 described in connection with the accompanying figures.

[029] Figs. la and 1b (prior art) illustrate example
logarithmic amplitude responses of: (a) a sinuscid at the
bin frequency, and, (b) a sinuscid between adjacent bins
25 showing spreading;
f030] Figs. 1lc and 1d (prior art) illustrate example
linear amplitude responses of: (a) a sinusoid at the bin
frequency, and, (b} a sinusoid between adjacent bins showing
spreading;
30 [031] Fig. 2 illustrates a method for the pitch
detection of speech signals uging frequency domain

techniques;



25 showi ng spreading; [030) Figs. 1c and id (prior art) illustrate exanple
| i near anplitude responses of: (a) a sinusoid at the bin frequency, and,
(b) a sinusoid between adj acent bins showing spreading; 30 [031] Fig. 2
illustrates a nmethod for the pitch detection of speech signals using
frequency domain techniques; -10- [032] Fig. 3 illustrates a 50% overlap
added in a raised cosine window [033] Figs. 4a, 4b, and 4c illustrate
trajectory continuations for. (a) death of tracks; (b) matching of 5
tracks; and (c) birth of tracks; [034] Fig. 5 illustrates the spectrum of

the raised window, of Fig. 6 illustrates_{hie effect of windowing the the
spectrunm 10 g§36 Fig. 7 illustrates the effect of zero padding the
spect rum §2 d|fféﬁent31512@S§Eh¢3%;ar$Oﬁlbugriapesddaé im sarataciseay r or

for fundane 1Jéwwq%%ggles Figs. 9a and 9b illustrate (a) anplitude
nmodul ated with nmuitiple sinusoids (in the time domain), and (b) with
mul tiple sinubBids (inFibe.frdgquendp.domaich) ;4c illustrate trajectory

continuations for: (a) death of tracks; (b} matching of
5 tracks; and {c¢} birth of tracks;

{034] Fig. 5 illustrates the spectrum of the raised

cosine window;

[035] Fig. 6 illustrates the effect of windowing the

signal of the spectrum;

10 [036] Fig. 7 illustrates the effect of zero padding the
spectrum;
[037] Fig. 8 illustrates the mismatch error for

different fundamental frequencies;
[038] Figs. 9a and 9b illustrate (a) amplitude modulated
15 input with multiple sinusocids (in the time domain), and (b)

input with multiple sinusoids {in the frequency domain) ;

{039] Fig. 10 illustrates pitch estimates of multiple

sinuscids;

[040]}] Fig. 11 illustrates pitch estimates of a frequency
20 chirp;

fo41] Fig. 12 illustrates pitch estimates of speech

signals for three different speakers;
[042] Fig. 13 illustrates a functional block diagram of
a processing system embodiment of the present invention.

25

Modes For Carrying Out The Invention

[043] The following modes are described as applied to
the description and claims in order to provide a more
precise understanding of the subject matter of the present

30 invention.

Preferred embodiment




Fig. 10 illustrates pitch estimates of multiple sinusoids; [038] input

I nput [039] [040) <chirp; [041] Fig. 11 illustrates pitch estimtes of a
frequency Fig. 12 illustrates pitch estimtes of speech signals for three
di fferent speakers; (042] Fig. 13 illustrates a functional block di agram of
a processing system enbodi ment of the present invention. Mdes For Carrying
Qit The Invention [043] The followi ng nodes are described as applied to the
description and clainms in order to provide a nore precise understandi ng of
the subject matter of the present 30 invention. Preferred enbodi nent -11-
[044] In the figures, incorporated to illystrate the features of the
present invention, |like reference nunerals are used to identify |like parts
t hr oughout t hfsﬂ‘-lfﬁ]gur esIns gy 5Figusepuscingairpapeled ( $@e T1ll@stas | ¢he and

R J.  MAuUl L, SR8 tERn Sézcl:fé@'fﬂ NS hasef, Ori:.% %(Peggle numelrals

representatlon" | EEE Transa i ons on Acousti Cs
Processi ng, Betse Msed to86dentuify 34 kenpargs mﬁxough¢9r ths ﬂlgmrsed in which
t he speech signal x(n), can be 10 represented as the sum of sinusoids of

varying anplitudes (Alk) and frequency peaks (m. (Lk = Signal Bandw dth /
5 [045] A sginuscidal model (see T. F. Quatieri and R. J.

McAulay, *“Speech transformations based on a sinusoidal
representation”, IEEE Transactions on Acoustics, Speech and
Signal Processing, December 1386, vol. 34, no. 6, pg. 1449)
is utilised, in which the speech signal x(n}), can be
10 represented as the sum of sinusoids of wvarying amplitudes
(a'y) and frequency peaks (m). (Ix = Signal Bandwidth /
Pitch) 1is the maximum number of frequencies in the frame.

That is,
x(n) =3 Al (n).cos(8!(n)) 3)
m=1 '

15

1f ¢'x is the starting phase of the of the k™ sinusoid in the

1" frame, @ !;(n) is defined in Equation 4,

2.rkn +9 i @

By (n) =

20
[046] This allows calculation of the frequency domain
parameters of the signal and use of the phase information to
determine the true freguency componentgs present in the
signal. The flowchart of a preferred method 200 (that can
25 equally be .interpreted as a block diagram of system
components) according to the present invention is

illustrated in Fig. 2.

Parameter Estimation

30 fo4a7]) As speech signals 210, consist of silenced and
voiced sections, to avoid erronecus pitch detection, these

segments of the input 210 are differentiated 220 at the



Pitch) is the maxi mum nunber of frequencies in the frame. That is, L, x(n)
= Ak W cos( Bk (n)) (3) 15 If kis the starting phase of the of the kth
sinusoid in the 1th frame, B 1k(n) is defined in Equation 4, 8k' (n) =
2.n.k.n + N 20 (4) [046] This allows cal culation of the frequency domain
paraneters of the signal and use of the phase information to determne the
true frequency conponents present in the signal. The flowhart of a
preferred method 200 (that can 25 equally be interpreted as a bl ock di agram
of system conponents) according to the present inventionis illustrated in
Fig. 2. Parameter Estination 30 [047] Asigpeech signals 210, consist of
silenced and voiced_ sections, to avoid erroneous pitch deéectlon t hese
segnents of tHEimpth 5%8 éFﬁ'H?FFEréﬁFigFEHOQZ@ Ffet 1R - 198 SLFPrishm; ne
par anet er estidiaid earphaseemdrdihd edleger i hthe Usign@alvanying energy |levels in
the signal 210. [048] The frequency domain paranmeters 230 are obtained 5 by
w ndowi ng 240 a short tine segnent of the signal 225 and taking its Fourier
Transform 250j0483 descridedregubitiat Homabn PhRimet(drd 210 €adS! kbraXnbl' ' K

) = 5 by windowing 240 a short time segment of the signal 225 and

taking its Fourier Transform 250, as described in Equation

5.
X(t5,Q,)= 2 h(n).x(1, +n)e™ " (3
10
[049] At uniform analysis time instants t!, = 1l.R, where

R; is the analysis hop factor and 1 is the frame number, the
Fourier Transform 250 of the windowed signal 260 is

calculated. If N is the size of the Fast Fourier Transform
15 {(FFT} 250, 2 x = 2.7m.k/N is the centre fregquency of the k*

bin.

[050] The analysis window h(n) is critical for reducing

frequency smearing and the window size 270 controls the

20 frequency resolution. “Zero padding” of the frequency
spectrum (gee J. O. 8Smith, “Mathematics of the Discrete
Fourier Transform (DFT)”, Center for Computer Research in

Music and Acoustics (CCRMA), Stanford University) is used to
obtain an ideally interpolated spectrum, which is used for a
25 better estimate of the peaks in the frequency spectrum at

step 280.

Pitch Egtimation

[051] Weighted liste of active frequencies within each
30 analysis window are generated, and using basic pattern-
matching procedures contiguous frequency tracks are
obtained. The track frequency with the maximum number of

harmonics is computed using a two-way mismatch procedure 290



nw~ 10 (5) [0491 At uniformanalysis tinme instants t"a = 1.Ra where Ra is
the analysis hop factor and 1 is the franme nunber, the Fourier Transform
250 of the wi ndowed signal 260 is calculated. If Nis the size of the Fast
Fourier Transform 15 (FFT) 250, 17 k = 2. 7r.k/Nis the centre frequency of
the kr'', bin. [050] The analysis wi ndow h(n) is critical for reducing
frequency snearing and the wi ndow size 270 controls the 20 frequency

resol ution. "Zero paddi ng" of the frequency spectrum (see J. 0. Snith,

"Mat hematics of the Discrete Fourier Transform (DF T)", Center for Conputer
Research in Misic and Acoustics (CCRVA),i=Stanford University) is used to
obtain an ideally interpolated spectrum which is used for a 25 better
estimate of t#edpegksrminedie tforegﬂerf(ﬁﬁ sPeEER UM% oft &fie280igpplchR10.
Estinmation [Ofdil; Méightedd ils of @Ft# MERIRIUNGIHS W bRIEN s8ACk, o 30 4

anal ysi s wi ndow are generated, and using basiC pattern- matching procedures
conti guous frigquentystPheRs Breckigm aalaaritine R8&ck Whishuaneyimiizeh thige
maxi mum nunb r | 18,0 d [ - ] t rocedure
200 13 and Goier maed 16 b8 Tho orrch 555 ofCTRe S onl "50. SHRRIE T 1y
of the pitth §¥&%fifency estimate 295 is ensured by using pitch tracking

al gorithns 285, which mnimze the error of prediction based on estinmates

in the previous 5 franes. A Standard Bl ock Level |nplenmentation
A. Standard Block Level Implementation

Step Al. Input Format (210)

{o52] The aforementioned process can be readily
10 implemented as system architecture and can handle Pulse Code
Modulated (PCM]) signals as input, which is a standard format
of coded audio signals. The input is of CD gquality, i.e. it
is sampled at a rate of 44,100 samples/second. For real-time
processing, the signal is processed 2048 samples in a frame,
15 which is approximately 46 milliseconds at the given sampling
rate. However to maintain a 50% overlap, only 1024 samples
are read in during each frame and the remaining 1024 samples

are used from the previcus frame.

20 Step A2. Silence / Voice Detection (220)

[053] Speech signals are usually considered as voiced or
unvoiced, but in some cases they are something between these
two. Voiced sounds consist of fundamental frequency (f,) and
harmonic components produced by the human vocal cords.
25 Purely unvoiced sounds have no fundamental frequency in the
excitation signal and therefore harmonic structures are

absent in the signal.

[054] The short-term energy is higher for voiced than
30 unvoiced speech, and should also be zero for silent regions
in speech. Short-term energy allows one to calculate the
amount of energy in a signal at a specific instant in time,

and is defined in Egquation 6.



Step Al. Input Format (210) [052] The aforenenti oned process can be readily
10 i npl emented as system architecture and can handl e Pul se Code Modul at ed
(PCM signals as input, which is a standard format of coded audi o signals.
The input is of CD quality, i.e. it 1is sanpled at a rate of 44,100

sanpl es/second. For real-tinme processing, the signal is processed 2048
sanples in a frame, 15 which is approximately 46 mlliseconds at the given
sanpling rate. However to nmamintain a 50% overlap, only 1024 sanples are
read in during each frame and the remai ning 1024 sanples are used fromthe
previous frane. 20 Step A2. Silence / Vaiige Detection (220) [053] Speech
signals are usually considered as v0|ced or unvoiced, but in sone cases
they are sonething between these ..t wo.<\oj Ged sow ds consi st of fundanental
frequency (fe) and harnonic conmptnent4 S oduced t he human vocal cords.
25 Purely unvoi ced sounds have no f undanent al frequency in the excitation
signal and therefore harnonic structures are absent in the signal. [054]
The short-ter mayier oy ifohiabesy fon vploed Lhag,<3Q ubyeloed spegch, jand
shoul d al so be zero for silent eglons in sp eech:  Shor erm ener gy AFl ows
one to caIcuI%&e PhpendimsUHpat Qhﬁw@ﬁaastﬁacgtgnaIOQttaesm@eethcsamsﬂant in

time, and i s;fef | DefddEHALLAN G sl enbuaF 2 (

[ 0551 The energy in ana l'ysi's fgjlar?gcg 35'2%%(11@ {E@ f%%lo‘h%}‘ﬁg upon

t he plaSS|f|(Rﬂqund@FEEheospeéghrs@mples5a¢¢mvanﬂd-céﬂkummmmhedemECsubﬁnced

sections, tr“%ﬂayéigﬂhngs preferably activated only if there is a voiced
gection in the signal. During noise or silence - neither has

any pitch - the pitch detection algorithm is preferably not

10 activated.

Step A3. Window Parameters (270)

[0586] The choice of the analysis window is a trade-off
of time and frequency resolution, which affects the
15 smoothness of the spectrum and the detection of frequency
peaks. Perfect reconstruction is not a criteria for the
window shape as the algorithm is used only for pitch
egstimation and not for signal reconstruction. Hence, the
algorithm implements windowing schemes, which provide better
20 frequency resclution. The Blackman window (see http://www-
ccrma.stanford.edu/~jos/Windows/Blackman_Harris_Window Famil
y.html) has a worst-case side-lobe rejection of 58 dB down,
which is good for audio applications. However, the Kaiser
window (see J. 0. 8Smith, “The window method for digital
25 filter design”, Winter 1992, Mathematica notebook for Music
420 (EE367A), ftp://ccrma-£ftp.stanford.edu/pub/DSP/Tutorials
/Kaiser.ma.Z) allows control of the main-lobe width and the
highest side-lobe level. If one desires less main-lobe width
then a higher side-lobe level iz produced, and vice versa.
30
[057] The windows also serve a dual purpose of reducing
spectral leakage or “smearing” by tapering the data record

gradually to zero at both end-points of the window. As a



pitch detection algorithmis activated. The pitch detection algorithmis
preferably activated only if there is a voiced section in the signal.
During noise or silence - neither has any pitch - the pitch detection
algorithmis preferably not 10 activated. Step A3. Wndow Paraneters (270)
[0561 The choice of the analysis windowis a trade-off of time and
frequency resolution, which affects the 15 snoothness of the spectrum and
the detection of frequency peaks. Perfect reconstruction is not a criteria
for the w ndow shape as the algorithmis used only for pitch estimation
and not for signal reconstruction. Hence,,the algorithminplenents

w ndowi ng schenes, which provide better 20 frequency resolution. The

Bl ackman wi nd&®Ftkee 3 t EHe WRRCOEBr nhaBeBHID d.teeu/ Tres/ W okewss Bl adheran
Harris W ndoweFaghdncy AdfohsBani @e 0 Sla %%es.snligelélgge]h&/%&%mde%@'egfse58 dB
down, which is good for audio applications. However, the Kaiser w ndow
(see J. 0. Smth, The wi ndow nethod for digital 25 filter design", Wnter
1992, Mat hemat not ebogk; for i 20(LE A :

ftp://ccrma-f {[?og?t anf or gi?%ldrag;)prﬁ /% IE’ cﬁt g%i gﬁgz %Raiusselrn?rraé Zfecéﬁ%%lacront r ol
of the maih-|dbedal diunlese the shiphbsis sitetlobeerévdic 1d mampldesi mes | ess
mai n-1 obe w d i i de- Level _i uced, _and vi ce versa.
30 [0571 The %Mﬁ%%%%]vs%a?%%%%]E%%a%adl&éaﬁ%%&Pgoggeo ugﬁe)ggc%%g sag'Be%FréF‘ Peakage
or "snearing"fme agees ngot heedura spectual gladbabéy Thez®adsatl hkidine

end- poi nts of,{he,W;ndew .AS,@ 5 &pr. result of the smooth tapering, the main
| obe of the frequency response w dens and the side-1obe |evels decrease.

[ 0581 Using no window is akin to using a rectangul ar

10 pmy = Lo Lu g 2%m*n
(n) 53 cos( N ) (7

where, N is the same as tﬁe frame size in this case and n
varies from zero to (N-1). A series of overlap added raised
cosine windows are shown in Fig. 3. A detailed discussion on
15 the effect of windows in peak detection follows hereinafter.
Overlapping frames ensure that the pitch estimate is updated

ont a regular basis.

Step A4. Fast Fourier Transform (250)

20 [059] The N point FFT of the windowed signal returns the
amplitude, starting phases and the frequencies of the signal
within the frame. For computational efficiency, N is
selected as a power of two, though this is not necessarily
required. The frame size, as well as the window size are

25 given by N. The FFT can also be interpreted as a Linear Time
Invariant filterbank followed by an exponential modulator,
which allows one to extract the parameters 230 of the gignal
210. The frequency and its corresponding amplitude and phase

parameters form trajectories,

30

Step A5. Peak Detection {(280)

[(0&60] To determine the pitch of the input signal 210,

peaks are detected in the amplitude spectrum. Preferably,




5 wi ndow, unless the signal is exactly periodic in sanples. It should be
noted that increasing the nunber of sanples in a franme does not reduce
spectral | eakage. The Raised Cosine w ndowis given by h(n): 10
h(n)=2-2*COS( 2*N*n} (7) where, Nis the same as the frane size in this case
and, n wvaries fromzero to (N-1). A series of overlap added raised cosine
wi ndows are shown in Fig. 3. A detailed discussion on 15 the effect of

wi ndows in peak detection follows hereinafter. Overlapping franmes ensure
that the pitch estimate is updated on a regular basis. Step A4. Fast
Fourier Transform (250) 20 [059] The N pgignt FFT of the w ndowed signal
returns the anplitude, starting phases and the frequencies of the signal

wi thin the frEfdgbractcdesaraerohal ¢ i Readiic\areN dhpsegelbasedd oas taiepower of
two, though thi1%di%eNRhgHEERSS i ¢ Mo rdrRQUILEeHeed NEe { LANRLSIZL £,23, 081, as
the wi ndow size are 25 given by N. The FFT can also De Interpreted as”a

Li near Time XYiffari®mt 8PABt enbadiEff FTidRadopy Bh arpbhedtital hiuid atbe,

whi ch al | ows pBel-0oeX bkl .t N8 RAI ARILNs 240 Bh bReabanab, 240. o10g
frequency and its correspondi ng”anplitude and phase paraneters ofm

traj ect ori‘es.fr3gusnep ASteEnabipEct | 9% (U8Y) RO60] sMectleter ihaa t hbepitch
of the input s 1 S .af et ed..i anpl i e m
Pref erably, a?g@@?lﬁg% %pr?(?:&%%gce%scgtrsﬁl yﬁg‘f hgrgggﬁgﬁgr elg%ch%lgéejn ﬁ‘ﬁ%é{%ﬁ their
rel ati ve magriPegdsudi t § ererre erdsistase endnshghbovefsry Fowdueentyanbifnsm Am 80dB

cut-off criterh@lrkd %BpHEQQeEQelkﬁEtf&@ﬁuency resolution and smoothen
the spectrum. This step can be discarded if computational

10 efficiency is desired,

Step A6. Harmonic Detecticn {290)

[061] Pitch is the fundamental frequency of vibration of
the source of the tone. 1In simple mathematical terms, it is
15 the least common divisor of the peak frequencies of the
signal if it is harmonic in nature. Speech signals are
harmonic in nature and hence, it is easier to determine the

signal harmonics using the pitch information.

20 [062] As discussed in S. 5. Abeysekera, K. P. Padhi, J.
Absar and S. George, “Investigation of different freguency
estimation techniques using the phase vocoder”,

International Symposium on Circuits and Systems, May 2001,
the true freguency associated with the k™ bin is calculated
25 from the Fouriler Transform X(1, k) as defined in Equation 4,

over two consecutive frames that are separated by H samples,

i.e.
~ ok Arg{X(Lk)} - Arg{X(0.k
jok , ABIX(LR) - Arg(X(0.0)) @)
N 21 H
30
[063] Accurate peak determination is essential to

determine the exact pitch of the input signal 210. Besides

detecting the pitch, this block is also responsible for



nunber of peaks. Logarithm c plots can be used for the peak 5 frequency
determ nation, as they are snoother than the anplitude spectrum plots. The
transformof the anplitude spectrumis zero padded and the Inverse Fourier
transformis conputed to increase the frequency resol ution and snoot hen
the .spectrum This step can be discarded if conputational 10 efficiency is
desired. Step A6. Harnonic Detection (290) [061] Pitch is the fundanental
frequency of vibration of the source of the tone. In sinple nathemati cal
terns, it is 15 the |east common divisor of the peak frequencies of the
signal if it is harnmonic in nature. Speecly-signals are harnonic in nature
and hence, it _is easier to determne the signal harnonics using the pitch
i nformation. 2EFFVEAT ASSdNEENSRETF iRFSSens, 1AbEPEerREFRAL K Ore ipeak
Absar and S. fROohaScidn\anet iRl ipnaf Sidferendcdd egvepry seghhmat iR

t echni ques using the Ehase vocoder", International Synposiumon Circuits
and Systemns, 2661 lingheavithid 13 e§RERETiBE sG@PELed®in Bh RREREIC bil§ i s
cal cul ated 254+ Qum tehe thaUEL ShueH AN ok ReXhdrmdi @S debined Lo &guatson 4,
over two consecutive franmes that are separated by H sanples, i.e. _ k +
Arg{X(1,k)3-Arg{X(0,k)} N2.rr.H 30 (8) [063] Accurate peak determi nation
is essential to deternineh%hgwp¥apt<g§tch of the inpuggfignal 210. Besi des
detecting the pitch, this ock 'i$ also responsible for”-17- detecting the

har moni cs present in the signal. Once the peak
where, f is the peak freguency, f; is the fundamental pitch

frequency, m is any integer and J is an arbitrary constant
10 which determines how close a frequency should be before it
is forced to the nearest harmonic frequency. The constant §
is constrained by the accuracy of the parameter estimation
system. The higher the accuracy, the smaller the wvalue of &§;

the coarser the parameter estimation algorithm, the larger

15 the value of é.

Step A7. Pitch Tracking {(285)

[064] The frequency, amplitude and phase parameters 230
of the peak frequencies form trajectories, which are tracked
20 across the frames. To avoid detecting spurious peak
frequencies, only those trajectories lasting over a number

of frames are chosen for harmonic matching.

[065] The tracking procedure consists of piecing
25 together the parameters that fall within certain minimum
frequency deviations and choosing trajectories that minimize
frequency distance between the parameters. Assuming, all the

previcua peak frequencies up to bin k in frame 1 have been

1., A% represent the frequency and amplitude

matched, and o
30 parameters of bin k in frame 1. The concept of death,
continuation and birth of tracks is illustrated in Figs.

4(a), (b) and (c), respectively.



frequencies and the pitch are detected in the signal, any peak falling
within a specified range of a harnonic is forced to the frequency of the
harrmonic. In other words, if 5I1f - mfJ 5 S (9) where, f is the peak
frequency, fo is the fundanental pitch frequency, mis any integer and Sis
an arbjtrary constant 10 which determ nes how close a frequency shoul d be
before it is forced to the nearest harnonic frequency. The constant S is
constrai ned by the accuracy of the paranmeter estinmation system The higher
the accuracy, the smaller the value of S; the coarser the paraneter
estimation algorithm the larger 15 thealue of S. Step A7. Pitch Tracking
(285) [064] The frequency, anplitude and phase paraneters 230 of the peak
frequenci es for m tifajl @t or wEE,] whidck avlee thrackedie80=ad tss=the franes. To
avoi d detecting spi&:i oys peak,f reguenci gs, only those trajectories |asting
over a nunmber 8f rdffes ar® cHosBnTof harhord ¢ FREGHIG, [G6SP THe ©-
tracking procedur eneeesi sighof ¥ ecidrEr 2makedehger ridudiyidet ans that fall
within certain m ninumfrequency. deviations and choosing trajectories that
mninmze frequendycdfdtinc@Bet REBRSt 8 Bar &HEHEHs. CA&Skni ﬁ%\? algntige
previous peak fregyeaGkRsyURadgebin k in frame 1 have been matched, and w
1k , A 1k represent the frequency and anpljtude 30 paraneters of bin k in
frame 1. The cohcdt lofx deapti’sl corwinuat ®Shi-and=biitt Hrslauengrk o'ty is
|lustrated in Figse ncbBla cbPhndnGebbl rr83RERL)VERY: 15 18ne! ladalbl  1F
1+1

to 0% , ® g is a “perfect” match.

¢ All unmatched peak frequencies in frame 1I+1, are

10 designated as new tracks born

= all = 0.

iosel] A minimum sleeping time concept ensures that long
duration tracks are “killed” only if they do not recur

15 within a specified time.

Step A8. Pitch Determination ({(290)

[067] The peaks in the amplitude spectrum are herein
referred to as “partials” for clarity.
20
[DE8] The most 1likely fundamental frequencies can be
chosen from the peaks in the spectrum based on the greatest
common divisgor of maximum number of partials in the signal
spectrum. The initial pitch search could be localised to a
25 frequency range of 110-130 Hz and 200-230 Hz, for male and
female speech signals respectively, although other ranges

could be selected.

[0&9] The two-way mismatch error calculation is a two
30 step process in which each measured partial is compared to
the nearest predicted harmonic giving the measured-to-
predicted erroer Errp.n, and each predicted harmonic is

compared to the nearest measured partial giving the



- 1+1gf > A = - W+1ql< A = CD1+1k is a -tentative" match, i.e. the track
dies Al""k = 0. there mght be other matching frequencies in the wvicinity
and hence one should check the entire 5 frequency range. if lculk -
COL+1qgl < 10)1k - wual+li+ll if frequency e)3+1q is not matched to any ot her
frequency and is the closest to Colk , ml+lq is a "perfect”" match. Al
unmat ched peak frequencies in frame 1+1, are 10 designated as new tracks
born Al-ik = 0. [066] A mninmm sleeping tinme concept ensures that |ong
duration tracks are "killed" only if they do not recur 15 within a
specified tinme. Step AS. Pitch Determ natisen (290) [067] The peaks in the
anplitude spectrumare herein referred to as "partials" for clarity. 20
[068] The noRTFIIGHSF-FOnBEREMS] $FEefities  cdie e Ot@os®FrPF oft thweatpeaks
in the spectriimbasadheRqt AeusiRalies ofCORBRE Wiy 596l maxi mum nunber of
partials in the signal spectrum The initial pitch search could be
| ocalised to a 25 frequency range of 110-130 Hz and 200-230 Hz, for nmale and
femal e speechigiggnal s rgspeetivel Visal thoughigther pianggs Cﬂfﬂd%ﬂ%m
sel ected. [069] The two-way m smatch error calculationis a two 30 step
process i WHiXSEUEREH nFHSuR LI pARFEPEPCY3tedNparedarso Mhdcheatdet predicted
harmoni ¢ gi Vifigddie MBRSWiedet OorPlaghgtede8r 501 cRET Fail,ti_étm, fﬁ?@. peRdi cted
e

harnmonic is conmpared to the nearest neasured partial giving
Signal to Noise Ratio (SNR} on the pitch of the signal.

Err Err,
Err!om! = — +p' ——F
N K
1 <& A 1 & A,
=—&~Zl[~?;f;,ﬂ+;—".{q.}f7"—r}}+p.—£2[ Ve | % .{q.@:f ~r}] (10)

a S0 A S

10 '
where, N is the number of harmonics of the trial fundamental
frequency (feupa) given by N = [_fm,,x / Frunal. The lx] operation
returns the smallest integer greater than x, fpx is the
highest frequency and Ap.x is the maximum amplitude of the

15 measured partials. K is the total number of partials, i.e.

critical frequencieg in each frame.

[071] As the error is a function of the frequency

difference (Af, = Afx = |f, - £|) between the nearest
20 harmonic frequency f, and the measured peak in the spectrum
Lx, maximum error occurs when there are missing harmonics or
when the ratio of the amplitudes is small. Similarly,
minimum error will occur when most of the harmonics of the
trial frequency are present and the ratioc of the amplitudes
25 iz large. Maher et. al. (gsee R. C. Maher and J. W.
Beauchamp, “Fundamental frequency estimation of musical
signals using a two-way mismatch procedure”, Journal of the
Acoustical Society of America, April 1994, vol. 385(4), pg.
2254) have determined that p = 0.5, g = 1.4 and r = 0.5

30 satisfy the above weighting properties. The frequency which




-19 predicted-to-neasured error Err,,,,, The total error is a weighted
conbi nation of these two errors. [070] The error is nornalised by the
fundanmental 5 frequency and al so i ncorporates factors, which take into

account the effect of anplitudes of the partials, i.e. the Signal to Noise
Ratio (SNR) on the pitch of the signal. Errp,. Err~ ~p Errtora, = N+ P. K
IV[4f (4 df" _r}3+ p[- + ak {qgk - rjl (100 N.., fRA . f', Kkk , fk
A fill 10 where, N is the nunber of harnonics of the trial fundanental

frequency (ff"r,d) given by N = Lfnmax / ff=dJ- The LxJ operation returns
the smal |l est integer greater than x, f,,,20~ IS the highest frequency and

A ,,ax is the maxi mum anplitude of the 15 neasured partials. Kis_ the total
nunber of parRyogusesi @ migHmiTeaMisPReflenEFESTi ntadhief r BEECh[ O7£L] A8 t he
error is a fungfd.an of the frequency difference (Af,, = Afk =1f. - fk 1)
bet ween the nearest 20 harnonic frequency f, and the neasured peak in the
spectrum fk, maxi numerror occurs when there are m ssing harnonics or when
the ratio of ¢ he %g\gkbhyﬂ&&é Si 5P piBEAI baddobionMhRGRUREERI OF Wi || occur
when nost of _ € nt and the ratio
of the andlitlfféd 25 iThe dngean Mparing: sygrem (S rRang amghdheagg@latedy
Beauchanp, "FRudagental Lrequpncy, estidmbirginpf juisigale HepRaksvisi pg a
two-way m smatch procedure”, Journal of the Acoustical Society of America,
April 1994, Jglequebciys dg. the range of 1000 Hz - 3000 Hz. However,

speech signals have a bandwidth of 20 Hz -~ 8 kHZ. The pitch

gsearch can be localised within a range of 50 Hz - 500 Hz, as
10 beyond these frequencies mostly harmonics will be present.
However, the peak detection algorithm is used over the
entire speech spectrum to capture as many harmonic
frequencies as possible. Larger numbers of frequencies
chosen lead to an accurate determination of the pitch. In
15 this section, enhancements in the developed pitch detection

method/system are discussed.

Bl. Effect of Windowing

[073] By considering a sinusocidal model, the spectrum of
20 the window is shifted by the frequency of the sinusoids. The
amplitude of the bins adjacent to the peak frequencies is
determined by the side-lobe 1levels of the raised cosine

spectrum of the window, as obtained in Equation 11.

N-1 -j2.mkn

Wk) =D winye ¥

N-i % -jlmakan
=S cosE I e ¥
25 ==t

LAk (N-1) . . _ 1 . et
N P 2 -Smc(k) . .Smc(k h o -3 + Sinc{k +1) o ( N)] an
4 Sinc(k/N) Sinc((k -1}/ N) Sinc((k + 1}/ N)




2254) have determined that p = 0.5, q =1.4 and r = 0.5 30 satisfy the above
wei ghting properties. The frequency which -20- produces a m ni mum m snmat ch
error is the pitch of the signal. B. Inprovenents in the Pitch Detection
Algorithm5 [072] The human hearing system (the ears and the rel ated
perception systemin the brain) is nore sensitive to frequencies in the
range of 1000 Hz - 3000 Hz. However, speech signals have a bandw dth of 20
Hz - 8 kHZ. The pitch search can be localised within a range of 50 Hz --
500 Hz, as 10 beyond these frequencies nostly harnonics will be present.
However, the peak detection algorithmis_ysed over the entire speech
spectrumto capture as many harnonic frequencies as possible. Larger
nunbers of frdquenhci es Axchesend erént dran aneurage Het Bnm' natz pnwofit he
pitch. In 15 this section, enhancenents in the devel ope itch detection

met hod/ syst emtar &/ scusfed. B1.algf f eekenf vl REBwichg O7§ e By oEEits| €94 ng a
si nusoi dal modglead{1gy SBECIEREM Qfinu40id hepWichdQy iR c3hisft ,pyt;,ge {L.gquency
of the sinusoids. The anplitude of the bins adjacent to the peak

frequenci es i §red@érini hedls bpXeaklyi detrepe |tevel resfuengy tdinsed Towigle
spectrum of thﬁew&%wlo@,%sob%?ﬁm . %nﬁggayaeﬂellfré&&émyl N

win).e N g=Q 25 + .cos(2*~7* g
they enhance the peak frequency components in the spectrum

as shown in Fig. 6.

[075] A complex sinusoid of the form x(n) = Ae’*T , when
10 windowed, transforms to,
(M-1)/2
X, (k)= Zx(n) h(n)e™ ™ =4 Y h(n)e 4T = AW (k -k ) (12)
R=—c0 nu—{M-1}/2

where W(k) is defined in Equation 11. Thus, the transform of
15 a windowed sinusoid, isoclated or part of a complex tone, is
the transform of the window scaled by the amplitude of the

ginuscid and centred at the sinusocid's frequency.

B2, Effect of Frequency Padding

20 [076] The dual of the Zero Padding theorem (J. ©. Smith,
“"Mathematics of the Discrete Fourier Transform (DFT)”,
Center for Computer Research in Music and Acoustics ({(CCRMA),
Stanford University) states that zero padding in the
frequency domain corresponds to ideal bandlimited

25 interpolation in the time domain. As can be seen in Fig. 7,
the interpclated spectrum obtained after computing the
inverse transform of the zero padded Fourier spectrum is
much smoother than the original spectrum. This further
enhances the true peaks in the spectrum.

3o



Z{--+--.(e )V +e N)}.e N g=Q2 2

NN111j.2.nR-j.2.n.n-j.2.~r.k.n
Sinc(k) Sinc(k -1) 'A(1-N + 4

) Sinc(k + 1) -j.T(1+ L | () N -] NN1 > .

.e 2 +Sinc(k/ N Sinc((k -1) / Sinc((k +1) / N 11 -21- [074] As can
be seen fromthe Fig. 5, WO0) =2, W1) 1, Wk) =0 . "d all other val ues
of k. The worst case spreading of the sinusoid spectrumoccurs when the
true frequency lies exactly between two frequency bins. Though 5 the

si de- | obes enhance undesirabl e frequency conponents, they enhance the peak
frequency conponents in the spectrum as shown in Fig. 6. [075] A conpl ex

si nusoid of the formx(n) A e'"k="r , -phen 10 wi ndowed, transforms to, X
7 (k) =x(n).h r1’) I Zhn)e'(kk)"T—AV\(k-k) 12) n=~
n.-(ME)I 2 ra V\(k)ﬂ’%sdéiﬁrﬁéﬁrl r?’l%il?&tlBﬁo‘iﬁsmﬂﬂjscoFH%e@r réflof 15
a windoved sijusgiade deekahegaOiohast Ohe atﬁ@éfpkﬂé%&ém%r b8 the EF@Qélfxorm of
the wi ndow scal ed by the anplitude of the sinusoid and centred a

si nusoi d' s f rEfiERey2 BIPeTePiteh RReRtieinty PR9giiRE™20 [076] The dual of
the Zero Padding theorem (J. 0. Smith, "Mathematics of the Discrete Fourier
Transform (DET) ", Oent er for ut er Research in Misic and Acoustics

(CCRWR), St & at zero padding in the frequency

domai n’ cor r espoags to Tﬁ@aiwcb%@l TSR 5a1 .01 30D kBt BEe bbEEONT N

As can be seen_in FI% 7,
solves the pitch halving and pitch doubling problems faced

by traditional time domain algorithms. For each trial
fundamental frequency, the two-way mismatch error is
16 computed and the frequency with the minimum error is set to

be the pitch of the signal.

[079] In the present method/system, Af, is defined as
follows,
15 Af, = |fy - £} ; if £i within tfsme/2 Hz of £,
,fn|; if fx is not within *fr.a/2 Hz of £,
[c8o] The same criteria is also used for calculating

Afx. This ensures that the error is higher for wmissing
20 harmonics beyond the gearch range while putting a limit on
the search criteria. This enhances the pitch detection
algorithm for speech signals, which are very harmonic in

nature.

25 [o81] The Applicants considered a test signal containing
the series of partials {100, 200, 300, 500, 600, 700, 800)
Hz, For a trial fundamental frequency frums = 50 Hz, all the
partials are harmonics, however, the harmonics at {50, 150,
250, 350, 400, 450, 550} Hz are missing. Similarly, for frum

30 = 100 Hz, only the harmonic at {400} Hz is missing.

[cB82] Fig. 8 plots the mismatch error based on Equation

10. As the mismatch error is minimum for a trial



the interpol ated spectrum obtained after conputing the inverse transform of
the zero padded Fourier spectrumis nuch snoother than the original
spectrum This further enhances the true peaks in the spectrum 30 -22-
[077] This further signal processing coupled with an accurate determ nation
of the true frequency of the speech ensures a superior pitch detection
algorithm 5 B3. Enhanced Pitch Detection [078] The two-way m smatch
algorithmfor pitch detection solves the pitch halving and pitch doubling
probl ens faced by traditional time domain algorithns. For each trial
fundanental frequency, the two-way m snmaggh error is to conputed and the
frequency with the mnimumerror is set to be the pitch of the signal

[079] fol | ofndpmenkel pricesmenait b/ 3¢St e Aflt | dsdefhhedunsamsngph = ifn
- fkl 5 0f f%z@$hgh@yf$fc¥gg|§qvg5 EBr=of fRilijshsfk is not within ff,,,  a/2
Hz of fn [080} The sanme criteria is also used for calculating dfk. This
ensures that the error is higher for m ssing 20 harnoni cs beyond the search
range while pYgsing a tidi 41;0Rrd e Be8LRD QLI tEHd aardhi SeNPRNCERLPE PitCh
detection algorithmfor speech signals, which are very harnonic 1n nature.
25 [081] Thethppl i elamt gnatdiesi deteer d-hesdeseghal eomt aiivicly acheraeeles of

partials {l0Q.309, s390s2QR £8QRes700, 800) Hz. For a trial fundanental
d Hz, all the

frequency ffund = 50 ,
C. Simulation Results
[084] This section demonstrates the use of frequency

10 domain technigues to determine the pitch of sgpeech audio
signals. Both artificially synthesised and natural speech
signals are tested. It is essential to use synthesised
signals to test the algorithm as there i1is no standard
benchmark to compare the pitch of the signal. Since the

15 signal is synthesised, the pitch of the signal is known and

hence a direct comparison is possible.

Cl. Sinusoids

[085] As speech signals are represented by a sinusoidal
20 model, the algorithm is first tested on a purely sinuscidal
input. The input consists of constant egual amplitude
sinusoids at harmonically related frequencies of 440 Hz, and
880 Hz. The input sampling frequency is 8 kHz, the frame
size is 2048 samples with a 50% overlap of 1024 samples. The
25 signal is generated over multiple frames and the amplitude
is modulated and mixed with noise as presented in Fiés. 9 {a)

and 9(b).

[0B&] The time-pitch frequency plot of the signal is
30 presented in Fig. 10. The x-axis denotes the time in terms
of the number of frames. The y-axis shows the pitch
frequency in the STFT, which satisfies the peak detection
criteria and the minimum mismatch error criteria as

previocusly discussed. As can be seen from Fig. 10, the



partials are harnonics, however, the harnonics at {50, 150, 250, 350, 400,
450, 5501 Hz are mssing. Simlarly, for ffld 30 = 100 Hz, only the
harrmoni ¢ at {400} Hz is mssing. [082] Fig. 8 plots the m smatch error based
on Equation 10. As the mismatch error is mninumfor a trial -23-
fundanmental frequency of 100 Hz, it is the fundamental frequency of the
given set of partials. [0831 The different blocks in the architecture ensure
5 that the nmethod al gorithm detects the pitch accurately across successive
frames. C. Sinmulation Results [0841 This section denonstrates the use of
frequency 10 domai n techni ques to detergiune the pitch of speech audi o
signals. Both artificially synthesised and natural speech nal s are
tested. It | Se¥&deRpaletPr sy SHAITESTELEY P ed'etrggf‘et %EeaPQBF]Pt hm as
there is no grangdped i RAChBERGKat 0 LPERALAgt Nen Piwhebnet tdies siigpak. Since
the 15 signal is synthesised, the pitch of the signal is knowm and hence a
di rect conparidSACPsCPoRIIN €T einusphdrbiids BE85F - As speech signals are
represented by a sinusoidal 20 nodel, the algorithmis first tested on a
purely S|nu50|dal |nput The i nput conS|sts of constant equal anplitude

si nusoi ds’at SRarnk odwdaned, hmeiiths of 440 Hz, and 880 Hz. The

i nput sanpli rzgaquequen@a i $e8t KHenet he ffdcd® &8 A& rigs %ﬁm es ywdh a
50% overl ap of 1024 sanples. The 25 signal is %enerated over mul'tiple franes
and the arrpl Craaeensy Rodhe: ckNRifd #F x¥aTiFehIReNs® a4z pEesditied PYEF gs.

9(a) and 9 (Rime.[ @861 The Lidws Ptheh dfikeapersy pLotudicy Ng1stoRd i1

algorithm as compared to standard autocorrelation

10 techniques. As can be geen, the time domain techniques
suffer from pitch halving problems, whereas the present

successfully tracks pitch.

C3. Speech Signals

15 [088] Fig. 12 shows the pitch characteristics of three
different male speakers speaking “A tiger and a mouse were
walking in a field”. Both Jochn and Andrew are British
English speakers while Dg is an African speaker of English.
It can be seen that Dg’s voice has a much lower pitch than

20 that of the British speakers. Fig. 12 also shows the change
in the pitch of the signal according to the speaker’s

pronunciation as he speaks.

Various embodiments

25 [089] Other embodiments of the present invention are
possible. According to another embodiment of the present
invention a processing system, an example of which is shown
in Fig. 13 1is utilised. In particular, the processing system
1300 generally includes at least a processor or processing

30 unit 1302, a memory 1304, an input device 1306 and an output
device 1308, coupled together via a bus or collection of
buses 1310. An interface 1312 can also be provided for
coupling the processing system 1300 to a storage device 1314

which may house a database 1316. The memory 1304 can be any



30 presented in Fig. 10. The x-axis denotes the tinme in terns of the nunber
of franmes. The y-axis shows the pitch frequency in the STFT, which
satisfies the peak detection criteria and the m nimum m snatch error
criteria as previously discussed. As can be seen fromFig. 10, the -24-
devel oped nmethod is successfully able to determne the pitch of the input
si gnal dependi ng on whether the input is silence or noise or sinusoidal in
nature. 5 C2. Frequency Mdul ated Sinusoid [087] To test the pitch tracking
algorithm the frequency of the input is varied fromO Hz to 4kHz over

time. Fig. 11 shows the tine-pitch frequenty plot of the algorithmas
conpared to standard autocorrelation 10 techniques. As can be seen, the tine
domai n t echni §RES O% HEMATYF ASMLER cRORAFXATRY-r S9Ilais Lo whier el - kA tirles ent

successful Iy h&Reks R Se3teSRREFHSS Q@%Eéeé5 L0384 gaexﬂl%e%w\/@cé he
pi tch characteristics of three different male speakers speaking "A tiger
and a nmouse wEr® 1RBYKi AGVifiea P06 FFeCBIEH JUMRECAndirmidr el Bt eaBd tdagh

Engl i sh speakggs; i, esdX é;same’%fraca@cz%eﬁ@&ﬂ of BRgkighaydib GAR,RQ seen

that Dg's voice has a much |ower pitch than 20 that of the British speakers.
Fig. 12 al5o $wsCPhe @harijece i errter i fenies: t Hetai geanigésdedi mgnds t he

speaker's pronunchal iQRpAE BevsPeakss \ﬁrad%éseabagwméu%édeo%%g her

enbodi ments of the present i nvention are possible. According to an

enmbodi ment of13de Frbsertld ikrreniOredR RGeS AEERAEN éﬂvl&#reﬂmr@aéf
which is Sho%mﬁdﬁeﬁ%gorléléét%ﬁld @'1&90 Q@Etl E’Héa{sto}e@% We%%%5|lgg4sy5t em

can be any form of storage means, for example, volatile or
10 non-volatile memory, sclid state storage devices, magnetic

devices, etc.

[0390] In use, the processing system 1300 is adapted to
allow data or information to be stored in and/or retrieved
15 from the storage device 1314 or database 1316 if required.
Alternatively, required data or information could be
retrieved from memory 1304. The processor 1302 acts upon
speech input 1318 in accordance with the method of the
present invention. It should be appreciated that the
20 processing system 1300 may be a specialised electronic
device or chip, processing system, computer terminal,

server, specialised hardware or firmware, or the like.

[091] The method of the present invention could readily
25 Dbe embodied as software, hardware, firmware or the like, or
a combination thereof. Various programming languages could

be utilised to realise the method.

[092] The invention may also be said to broadly consist
30 in the parts, elements and features referred to or indicated
herein, individually or collectively, in any or all
combinations of two or more of the parts, elements or
features, and where specific integers are mentioned herein

which have known equivalents in the art toc which the



1300 generally includes at |east a processor or processing 30 unit 1302, a
menory 1304, an input device 1306 and an output device 1308, coupled
together via a bus or collection of buses 1310. An interface 1312 can al so
be provided for coupling the processing system 1300 to a storage device
1314 which may house a dat abase 1316. The menory 1304 can be any -25- form
of menory device, for exanple, volatile or non-volatile nenory, solid state
storage devices, magnetic devices, etc. The input device 1306 receives
speech input 1318 and can include, for exanple, a mcrophone, a stored
audi o device 5 (eg. CD), a voice control_gevice, data acquisition card,

etc. The output device 1308 produces a pitch estimate output 1320 and coul d
be, for exanpiwvertiginsHedptgévi eechi knevpakequivaperehtane erevedohpcbeevi ce,
etc. The stora%&%\ya%dlﬁééelﬁ% he a%@mpﬁ Her 3@ feans, for exanple,
vol atile or 10 non-volatile nenory, solid state storage aeV|ces magneti c
devices, etc. [090] In use, the processing system 1300 is adapted to allow
data or infor jon to ed a ri eygd om S

device 1314 onﬁggtabaségggé%ﬁg FggU|?g%&%r&ghernatl5%%E%Ered%¥§edbgéﬁa or

i nformati dn ctagarilped rigt rdensdd . f rigm seewid Be0andFhetpedcebsbr ve302uact s
upon speech 13 nc pg 0 fith r nt

i nvention. Ité%}¥§?5 ¥§¢§gﬁﬁg€?%g%d %ﬁﬁngbﬁé pF£€%§§|%% g??? %%%gbﬁ may
be a speci al isedrsd exfdl rovdinargewkde loinchihe, aptocdsdiony seseemingofipaner
termnal, s e e rmware, or the like. [091] The
nmet hod of thgﬁ%?gggég ﬁgsgﬁ%ﬁ%ﬁgg%g ?%gdu%§ 25 be enbodi ed as software,
hardware, firmvare or the |ike, or a conbination thereof. Various
progranm ng | anguages coul d




be utilised to realise the nethod. [092] The invention may al so be said to
broadly consist 30 in the parts, elenents and features referred to or

i ndi cated herein, individually or collectively, in any or all conbinations
of two or nore of the parts, elenents or features, and where specific
integers are nentioned herein which have known equivalents in the art to
whi ch the -26- invention relates, such known equival ents are deened to be

i ncorporated herein as if individually set forth. (0931 Al though the

preferred enbodi nent has been 5 described in detail, it should be
under stood that various changes, substitytions, and alterations can be nmade
herein by one of ordinary skill in the art wthout departing from the

scope of the PeeséAt™Phvention. -27 The clainms: 1. A systemfor deternining
the pitch of speech froma speech signal, the systemincluding: 5 (1) an

i nput device to receive the speech and generate the speech signal; and, (2)
a processor, lit-he frcvesssr fmyapieeiw:ning) Wisstpieh shft weesgbedran gmal

into voiced, s dRKRi £8GhOF, SIHLRGESRCIALNUS).NY speech signal energy 10
| evel s; 15 (bf apply a Fourier Transformto the voiced speech signal and

obtai n spéech sighal ptamRudr slevier det sereike pdek sSrekechhengogenerate
transformed .ppegEbesh WRna1(;dhnklack the speech signal parameters of the

(2} a processor, the processor adapted to:
(a) distinguish the speech sgignal into voiced,
unvoiced or silence sections using speech signal energy
10 levels;
(b} apply a Fourier Transform to the voiced
speech signal and obtain speech signal parameters;
(¢} determine peaks of the Fourier transformed
speech signal;
15 (d} track the speech signal parameters of the
determined peaks to select partials; and,
{e}] determine the pitch from the selected

partials using a two-way mismatch error calculation.

20 2. The system according to claim 1, wherein the speech
signal 1is a coded, compressed or real-time audio or data

signal.

3. The system according to claim 1 or 2, adapted to

25 perform real-time processing of live speech signals.

4. The system according to any one of the claims 1 to 3,

wherein the speech signal is a Pulse Code Modulated signal.

30 5. The system according to any one of the claims 1 to 4,
wherein the system is incorporated into a karacke system,

computer system or voice recognition system.



determ ned peaks to select partials; and, (e) determne the pitch fromthe
selected partials using a two-way m smatch error cal culation. 20 2. The
system according to claim1, wherein the speech signal is a coded,
conpressed or real-tine audio or data signal. 3. The system according to
claiml or 2, adapted to 25 performreal-time processing of |ive speech
signals. 4. The system according to any one of the clains 1 to 3, wherein
t he speech signal is a Pulse Code Mddul ated signal. 30 5. The system
according to any one of the clains 1 to 4, wherein the systemis
incorporated into a karaoke system conpyfer systemor voice recognition
system -28- 6. The system according to any one of the clains 1 to 5,
wherein the i Aput Tewigwstisn aaquoecdépbote @mya@dEOOfe¢@hveﬂai%s A met lgd of

el g e B LLE LY (3BRECT IO £ 5 o3RECERoSL 402\ il LIRLROL,

including the steps o ucri ng or Sbtal e spe (2)

di stingui shing the speech S|gnal into voiced, unvoiced or silence sections
using speech sign a Eourier Tr nsforn1to
t he voi ced spZech sﬁgﬁ% an ‘Jtt:ﬁrr’ﬁi%g peecﬁ? é ‘%é ar%ﬁ?eeté}sg TR

det er m ni ng pea«e;cfofsmhlalFouheenettlrcahsirm:rlmddngstpi&ecétespsgml (5) track| ng

t he speech signal ra e 5 dete ned aks to sel ect partials;
and, (6) deternlnlng t%%ggpéc éf%%ﬁ% énégﬁe EL par arene Slng a two-way

m smat ch error cal @il adiiehinguidhicmgretthed apeecHi ngigmel| aindd/, whieked,n
prior to unvoiced or silence sections using speech =signal energy
“levels; '
10 (3) applying a Fourier Transform to the voiced speech
gignal and obtaining speech signal parameters;
(4) determining peaks of the Fourier transformed
speech signal;
(5) tracking the speech signal parameters of the
15 determined peaks to select partials; and,

(6) determining the pitch from the selected partials

using a two-way mismatch error calculation.

8. The method according to claim 7, wherein prior to
20 applying the Fourier Transform a windowing procedure is

applied to the speech signal.

g, The method according to claim 8, wherein the windowing
procedure utilises a Blackman window, a Kaiser window, a

25 Raised Cosgine window or other sinuscidal model.

10. The method according to any one of the claims 7 to 9,

wherein the Fourier Transform incorporates a frame size.

30 11. The method according to claim 190, wherein the frames

are overlapping.



20 applying the Fourier Transforma w ndow ng procedure is applied to the
speech signal. 9. The nmethod according to claima8, wherein the w ndow ng
procedure utilises a Blackman wi ndow, a Kai ser wi ndow, a 25 Raised Cosine
wi ndow or ot her sinusoidal nodel. 10. The nethod according to any one of the
clainms 7 to 9, wherein the Fourier Transformincorporates a frane size. 30
11. The method according to claim 10, wherein the frames are overl apping.
-29- 12. The nmethod according to claim10 or 11, wherein the signal
paraneters formtrajectories that are tracked over a selected nunber of
frames. 5 13. The nethod according to clLagm 1.2, wherein trajectories

persi sting over nore than one frame are utilised. 14. The nethod according
to any one ofl2-heTBeameshodt @ceordingetei i@ Four Per Itrarvdferain stie Fast

Fourier Transhight prdteccte fNALACCRLNL00 LRaANONElkdd oA IS 7 tO

n
14, wherein the signal paraneters aré frequency, phase an anplitude. 15
16. The neth@Glaééégcnﬁqun)Oénﬁrém@$-of the claims 7 to 15, wherein a zero
paddi ng procedure is used in determ ning the peaks of the Fourier
transforned speech signal. 17. The nmethod according to any one of the clains
7 to 16, 5201ldher Ehq wethadkranaradipgakof llaimg 1di t Wheraigpecaféetefyemuency

range of a hggggpggﬁéﬁ de- REEEhtﬁénﬁﬁﬁetf}ablearérgﬁ%ﬁﬁgﬁ?NOf t he harnoni c.

18. The nmethod according to any one of the al s 25 wherei n peaks
are determned in the anplitude spectrum 19. The nethod according to any

one of the Ch@lnETﬂétﬁéEH%d according to any one of the claims 7 to 13,
wherein the Fourier Transform is a Fast Fourier Transform.
10
15. The method according to any one of the claims 7 to 14,
wherein the signal parameters are frequency, phase and

amplitude.

15 16. The method according to any one of the claims 7 to 15,
wherein a zero padding procedure is used in determining the

peaks of the Fourier transformed speech signal.

17. The method according to any one of the claims 7 to 16,
2¢ wherein a determined peak falling within a specified
frequency range of a harmonic of the pitch is set to the

frequency of the harmonic,

18. The method according to any one of the claims 7 to 17,

25 wherein peaks are determined in the amplitude spectrum.

19. The method according to any one of the claims 7 to 18,
wherein peaks are determined in the amplitude spectrum using
a logarithmic scale.

30
20. The method according to any one of the claims 7 to 19,
wherein the partials are selected from the peaks based on
the greatest common divisor of the maximum number of

partials in the speech signal spectrum.



wherein peaks are determned in the anplitude spectrumusing a logarithmc
scale. 30 20. The nethod according to any one of the clains 7 to 19,
wherein the partials are selected fromthe peaks based on the greatest
common di vi sor of the maxi num nunber of partials in the speech signal
spectrum -30 21. The nmethod according to any one of the clains 7 to 20,
wherein the two-way m smatch error cal cul ati on conpares each neasured
partial to the nearest predicted harnonic and each 5 predicted harnmonic to
t he nearest neasured partial to provide a total error. 22. The nethod
according to claim 21, wherein the error-igs nornmalised, and adjusted using
a signal-to-noise ratio. 10 23. The nethod according to any one of the
claims 7 to 22, wherein the pitch is determ ned as corresponding to the

M ni num t wo- way, M Etgdt 1 Gleco28ird . td NenPedh b Rcaas diing O 72 aite of
the clains 7 to 23, wherein the signal energy |levels are short-term signa
ener gy | evel s¥NOERInTHOEERoH 3R cROFRI T (T Ty CREUORE PR EPURIREST qasng,

20 wherein digddAGEs P ibhe copeaeh nehgbat pridiSesd ahSRRHGY arStdf@t i on
cal cul ation. 26. The net hod according to any one of the clainms 7 to 25,
wherein the PRIHGEetSrAPREE US? Nl | SCarESEd FRagweRky PaXtiddngéo 27.

The net hod acg@shided af @cehdi 8126, Wherein the | ocalised frequency range is
about 50 - 500 Hz. 30 28. The systemas clainmed in claim1, the processor

bei ng

22. The method according te claim 21, wherein the error is
normalised, and adjusted using a signal-to-noise ratio.

10
23. The method according to any cne of the claims 7 to 22,
wherein the pitch is determined as corresponding to the

minimum two-way mismatch error.

15 24. The method according to any one of the claims 7 to 23,
wherein the signal energy levels are short-term signal

energy levels.

25. The method according teo any one of the claims 7 to 24,
20 wherein distinguishing the speech signal utilises an energy

estimation calculation.

26. The method according to any one of the claims 7 to 25,
wherein the pitch is determined using a localised frequency

25 range.

27. The method according to claim 26, wherein the localised

frequency range is about 50 - 500 Hz.

30 28. The system as claimed in claim 1, the processor being
adapted to perform the method of any one of the claims 8 to
27.



adapted to performthe nethod of any one of the clains 8 to 27. -31- 29. A
systemfor estimating the pitch of speech froma speech signal, the system
including: (1) an input device to receive the speech and produce the speech
signal; 5 (2) a nmenory unit or storage unit adapted to conmunicate required
data to a processing unit; (3) the processing unit operating on the speech
signal and adapted to: (a) section the speech signal into voiced, 10

unvoi ced or silence sections using speech signal energy levels; (b) apply a
Fast Fourier Transformto the voiced speech signal and generate speech
signal paraneters; (c) cal cul ate peaks afyjthe Fourier transformed 15 speech
signal; (d) track the speech signal paranmeters of the determ ned peaks to
sel ect partiad%; BndSYFE™ chPEulCstémphangi tbg RigiAl hef sepeeckd fynm t Ral s

using a two- Wkadns BRERR erduy Laleew ahbefdigy. 30. The systemas clainmed in
claim?29, wherein the Fast Fourier Transform operates on a frame of a

wi ndowed portion (&7 t®#e ipReehdeyiffalto aFaive $heespesrhnandphradecers are
tracked over ygy gpkban engndrame. 25

5 (2) a memory unit or storage unit adapted to
communicate required data to a processing unit;
(3) the processing unit operating on the speech signal
and adapted to:
(a) section the speech signal into’ voiced,
10 unvoiced or silence sections using speech signal energy
levels;
(b} apply a Fast Fourier Transform to the voiced
speech signal and generate speech signal parameters;
{c) calculate peaks of the Fourier transformed
15 gpeech signal;
{(d} track the speech signal parameters of the
determined peaks to select partials; and,
{e) calculate the pitch from the selected
partials using a two-way mismatch error calculation.
20
30. The system as claimed in claim 29, wherein the Fast
Fourier Transform operates on a frame of a windowed portion
of the speech signal, and the speech signal parameters are
tracked over more than one frame.

25



