'*+e3ebSbPPCd R6RTS Field of the Invention This invention as it is
defined in t ‘mﬁ\hﬂm mw lains i's applicable in the field of Digital Audio
Processi ng a ular) to abasing cancellation in audio effects
al gori.thm Backgﬁmmm& of the Invention Audio effects such as del ay, echo,
reverberation) flanging and chorus are indispensable in nusigq éygq? ion
and performa these effects today are 'inplenented using digita
si gnal proceQMWINMNﬂmmm dul ating delay line forns the basis of many of
that standard audjQ.6ffect;. ‘The "dryyinput is mired with the' effect
signal, which is usually a Ilnear func%lon of the nodul ati ng del ay. Del ay
nmdulators i ntroduce interpolation and aliasing artifacts. Previously, DSP
processors wer est j ASINACARCERSIATIDNCREAYIDIO FIIWFTRREGURITHMES
under st andabl e that al gorithms nade no extra effort to correct such errors.
However, today, processing Bower is becom ng; Lesser and | esser the
Liniting factor. In such a setting is is inportant that high quality be
achi eved [Bicld of thedmventipral | artifacts and distortion. The present invention
seeks to cancel aliasing is audio effects a? algorithnms. Summary of the

I nvention In accordance with L'te present invention, there is grovidcd a
met hod t arTied iheedtiongs akd c&ﬁhe’iign clanppdddad ct@lmslmap%ncemedmheetﬁa‘l@sﬂ Bigahl0Qidict hm
using a deI g nodul at ed S|gﬂ derlve ton1|n% oIatlon of 2 del ay

modul at or HPCESHNE iy BPPRIGREL L Liasing Fa9Ge PP%‘E}@H TECHETIY:  det er mi ni ng
.the instantaneous sanpling frequency 1/T and band limting an input
signal) to wiich the audio affects aleoruhmis to be applied) 21 May 2004

-2 to I fi Hipeefdin@linr b0b ol ation. Preferably) the delay nodul at ed
signal of "a sanpled versron X[n] of the band |limted anal ogue signal x(t)
is expressed as y(n]=x({n+D 2si a(won)~1,) where n = integer p = maxi num

del ay W= os ]| ting fre ency of th deI ay nodulator; and T, = 1/sanpling
frequency. A4 IﬁféF g gﬁ%éF%w&ﬁ%ﬁra&ontﬂmagd sbeius arethdispgnsablejinn]

I (e r D RTT BASHo aﬁ‘t rerfyrliabes. (T g e soday R pleeniinsing

i nst ant anedigialsagpl bmdsb&qummmbdﬁﬁfm-ﬂdelﬁ @u@'fbx&&ﬁﬂﬁ%” iﬂ& GHHREdON
g(n) is derived fromT, ~~[ 1+( g(n 1)]?’ sQ:If Yf ¢
S

tandard audio effects.” The "dry" mput is mixed with t.hc cffccc sxgnal which is usually a
linear function of the modulating delay.

Delay modulators introduce interpolation and aliasing artifacts. Previously, DSP
pracessors were limited in their processing power and so it was understandable that
algorithms made no extra effort to correct such srrors. However, today, processing

power is becoming lesser and lesser the limiting factor. In such a setting it is xmpox'cant
that high quality be achieved by removing an artifacts and distoction.

The present inventon seeks to cance! aliasing in audio effects algorithms.

S a Invant;

In accordance with the present invention, there is pravided a method for effecting aliasing
cancelladon ia an audio effects algorithm using a delay modulated signal, darived from
interpolation of 2 delay medulator at an instanraneous sampling frequency, including:
@ H=H ; \ o 1 £ 1T
determining the instaotancous sampling frequency 1/ T, and

band limiting an input signal, to which the audio effects algorithm is to be applied,



-3 Consider a uniformy sanpled version x[n] of the bandlimted anal og
signal x(t). A single reflection or echo of the signal can be inplenented
by the following filter, which adds to the direct signal a del ayed copy of
itself ytnl = ~Ln) + C1- a>* .xL~e -~ d(n)J. 1 >a . 0" (1) For echo the
delay d(n) -- Za, .which essentially means that delay is coeggyansgoaNot e
that .although Lbe .equation (1) is noncausal the actual system can be nade
causal by adding an Mre interesting audio effects, such as flanging,
chorus and reverberation can ba created by allowi ng the delay d(n) to vary
intin e.g. d(n) = D2 Siri(wn) . Thettfore) the delay keeps oscillating
between -L712 and D Z, about the centre point. For the sinple _

i npl enentations of ( 1) the effect is like two singers - the |ead singer
sings normally while the other singes keeps racing up and dawn. Consi der

t he deIa¥1qpﬁukﬁ&qbﬁhgbbgn&ﬂtoma as vibrato) y(n3 = ~c(n + d(n)] in (1). It
essentially at enpts to perform non-uni form sanpling of the signal x(t)

i.c. y[rc] =z({n + D2 sin(wbn)}Tj) Since the only information about Xx(t)
that is %\tai;f.,laaﬁ' GheldRial HDASMEE Sighdl B & Baiplef versibuuxs] efithelband liseitedt | mes n?' ~
soma formof Inter olation is re% ir?d k@,c?npg&% y[n]. The sinpl est

appr oach analogus Si&'@ﬁ"(%&emdﬁ&_{ Kl’f\'i BFPSREYYi near, cubic or |agrange

i nt erpo ation“r | = irite ~~.; , k.-Ni~Nn =IM~n+Df~tin(w'n)) and &
a (n+Dl sin(mo%§§#~ - n"T, Wat these interpolation nmethods overlook is the
al i asi ng resul ti ngDf Fonaximumpbelaty bel ow the Nyquist linit. Consider the

i nst ant aneous sanply Inf th W@ end) + dt T~= {n +DI 2
sin(won)}3, -= ~nw°mg{5pg%eﬁ%l%k o_ftfge}‘d};}p?ﬁ::&ﬂ +Dl 2si nwacos(2n-1)we} T, To
ranose aliasing er dprsl/fampling frequerayer pol at ed signal, the signal x(nJ shoul d
be first bandlitaited to Isrl3 ~ . The interpolation sad filtering however
can be conbined into one operation by usi ng1 t he anal og reconstruction

filter jyophekeratiy,imerpolstimyef tiwdetahinodnisted sigas e REE E€om sanpl i ng

t heorem that the signal-—xtrga Ry 1 can be reconstructed from
its sanples x(nT~ as r s k¥, kits=k ; e J'~F~~eW— Since the new

sanpling . frenquency is F, B=¥3/1"i na(l ~ F,) thGlimt in the above
equati on sheuld-be..changed accordingly, thus leading tor x~(t) =1IlF, ~~ ~

C~, x[n)e!' y'«INTEI+DRkin{wa)) dF Upon sinplication the above Eq |l eads to x (t)
z~ Xtn)~~a[ prd (a¥D2sinfwp)]Tx@ZL,.nr, YI' Finally) the summation nust be limted
to afinite range, for practical inplenentation. Therefoce yjn] = x~(n'T, +
Lit), eldl uated by considering ZN+ t sanple points (x(nn about nTa) is

equi val entpyighanly, the instantancous sampling frequency, for a generalised modulating function -

g(n) is derived from T=~[1+g(n) - g@-1)17,.



Yinl m- xjn~ - k)~"'~ ;~~-.,~ryt.~) 21 May 2004 _3. 1n the above exanple
t he nodul ati ng function was the sinusoidal sin won. |If a general

nodul ati ng
function g(n) is used the above fornulation still works with the definition
of the instantaneous sanpling frtQueacy as (I/T,~) as T;.1 =( I + g(n) -
g(n - 1 )~?", 21 May 2004 -s clainms 1. A nethod for effe i@g{ggﬁ‘si ng
cancellation in an audio effects algorithmusing a delay nodul ated si gnal,

derived frominterpolation of a delay nodul ator at an instantaneous
sanpl i ng frequency, including: determining the instantaneous sanpling
frequency 1/ T; and band limting 33n i nput signal) to which the audio
effects algorithmis to be applie€d"to 1/2 T prior to interpolation. A
nmethod as clainmed in claim1l1, wherein the delay nodul ated signal of a
sanpl ed version x[n] of the band Limted anal ogue signal x(r) is expressed
as y[ r s]25ples.psseunuqn Qi g S HeFIeL Lilyrai® i h = integer D = maxi num del ay W=
oscillating frequency of the delay nodulator; and Ts = 1/ sag;)l i ng frequency
3. A Ohistiet! aamif6inily eipied veiswnna/) ofviherbahdimitrdeangioigtignah X6k 4 Hagltlel ay
modul atreflediiofen ketid] 6T thd sigmbegnitieccichplegientpd by the follpwing filigr.iwhichadggpothy ) " = ~
. XL~ direét stgmel @ deliyediopy-of idetf j NT(n+D~Si TZ~Val | ~~ dt = f
n+Dl ~sirt(ivr~n)~TJ - n'T,. 4. A nethod as clained in any one ofagl ai :jns 1
to 3, wherei Be, TR ni-ageoxtn d(m)lj g>iaequency ) for a gener@Dise
nmodul ati ng f)ﬂ:r'lﬂcti on[ 3%{5) is o_IeErhi vegg:‘ rom Tuf=[1 ~.g(n) - 8(a-1)~~"r.
. Ay. Ay L;éf Zc’hé; \‘Ee dalay d(n) = D, which essentially means that delay is constant. Not.c that
..although the equation (1) is noncgusal the sctual system can be made causal by adding an
-overall-delay.— —

More interesting audio effects, such as flanging, chorus and reverberation can be created by
allowing the delay dfn) to vary in tme e.g. d(n) = D/2sin(w.n) . Therefore, the delay
keeps oscillating between -D/2 and D/2, about the cet'atm pf)mt_ For the s.zmplc
implementations of (1) the effect is like two singers - the lead singer sings normally while the
other singer keeps racing up and down.

Consider the delay modulator (also knmown as vibrato) y(r) = x.{n +d(n)] in (1). It
cssentially atternpts to perform non-uniform sampling of the signal x() i.e,

yln] = x({n + DI2 sin{w,n)}Ts)
Since the only information about x(2) that is available to the system is that of values at

discrete times nT, some form of interpolation is required to compute y/n]. The simplest
approach s to
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What these interpolation methods overiook is the aliasing resulting from sampling below the
Nyquist limit.

A é%’-l-"# a] ca] ca] caV] caV] ca] ¢
a
op& ()3 109%& ()-y310% ()-

Couasider the instantaneous sampling frequency (//T,) attime n'l, + A
Tig= {n+D2sin{won)}T; ~{n—-1+Di2 sin(w,(n—-1)}7,

To remove aliasing errors from the interpolated signal, the signal x{n) should be first
bandlimited to 1/2T,, . The intcrpolation and filtering however can be combined into one
operation by using the analog reconstruction filter model. We now show how this is possible.

We know from sampling theorem that the signal x(¢), bandlimited to F/2, can be
reconstructed from its samples x(nT,) as

x(t) = 1F.| f;; [g z[n]e"”""""‘""]e’m‘d]’

' Since the new sampling. frequency is F = 1/T,, (and if F,, < F) the limit in the above
equation should be changed accordingly, thus leading to

x() = 1/F, I :’:: [Z x[n]e-JWNF.]epﬂg dF

Upon simplification the above Eq leads to

(r) =35 =1l 2 |

Finally, the summation must be limited to a finite range, for practical implementation.
Therefore

y[n} =x.(n'T, + At), evaluated by considering 2N+! sample points (x/n]) about aTs, is
equivalent to

N sin{ '
st = 3, st~ 2|



& ()-3 tazb@ 1000! 4- #10%00&' () -

4- #10%00&' () - 4- #109&' () - 1109& ()-F. 109& ()- |s$m' 10%&' ()-#" JgE 1000!!F
109 ()-:10% & ()-s3 10% & ()- F 10% & ()-"y1l0% & ()- 1000 1000 S }N?E
1000F10% & ()-O0F10% & ()-! 109& ()-!4109% ()-10% & ()-10% & ()-uV7

10f s10%&' () - Y! 109& () - MALO%&' ()-"f10% ()- 10 10 10! h"s! 10% I\%y YNC 10f
10 10 10&$!'109%&' ()-t,"109%& ()-3Y'109& ()-g!109%& ()-f "109&' () - ?Q

1010% & () -

SA4"10% & ()-S's10% (& ()-! s10%t& ()-10% & ()-"10% & () - 8HaBYNC
101 10% & ()-!!1109%88& ()- "10% & (%-3"10%&' ()-:010% & ()-3

Tn the above example the modulating function was the sinusoidal sinw,n. If 2 general
modulating function g(n) is used the above formulation still warks with the definition of the

instantaneous sampling frequency as (//T,,) 23 Tir=(1+gn)—gh- 1T,
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CLAIMS

1. A method for effecting aliasing cancellation in an audio effects algorithm using a
delay modulated signal, derived from interpolation of a delay modulator at an
instantaneous sampling frequency, including:
determining the instantaneous sampling frequency 1/T; and
band limiting an input signal, to which the audio effects algorithm is to be applied,
to % T, prior to interpolation.
2. A method as claimed in claim 1, wheremn the delay modulated signal of a sampled
version x{n] of the band limited analogue signal x(7) is expressed as
y[nl=x({n+D2sin(wm)}T,)
- where n = integer |
D = maximum delay |
W,= oscillating frequency of the delay modulator; and
T, = l/sampling frequency .v

3. A method as claimed in claim 2, wherein mterpolanon of the delay modulated

signal y[n] is cormputed using -~ T o [ sin[ (rasar,y1,
Yn =3 st -] E;H,,,,’;,“’]]

e

n' = INIT{n+D72sin(w n))
4t = (n+D/2sin(w n) ]T -n'T,.

4, A method as claimed in any one of claims 1 to 3, wherein the instantaneous
sampling frequency, for a generalised modulating function g(») is derived from

Te=[L+g(n) - g(a-1IT,.



