;,-e3e WTTUdU. *VAVEVTW21 May 2004 -1 ALI ASI NG CANCELLATI ON I N AUDI O
EFFECTS ALGORI THVS Field of the Invention This invention as it is defined
in the appended clains is applicable in the field of Digital Audio
Processing and, in particular) to abasing cancellation in audio effects

al gorithm Background of I nvention Audio effects such as del 3

reverberation flanging and chorus sre a i ndi spensabl e in nu5|c p oductlon
and performance. Mst of these effects today arc inplenented using digital
signal processers. The nodul ating delay line fornms the basis of many of

t hese standard audio effects. The "dry” input is mxed with the effect
signal, which is usually a linear function of the nodul ating delay. Del ay
modul ator's | nt T AEENE LRI AONY AURO TS ARRIGRITERNEOUS| Y, DSP
processors were Limted 1 n elr processing power and so It was
under st andabl e t hat algorlthns made no extra effort to correct such errors.
however, today, processing Bower is becomng | esser and | esser the limting
factor. | nFigldcltie Isehtibmg it is inmportant that high quality be achi eved by
removing all artifacts and distortion. The present invention seeks to
cancel aliasing is audio effects algorithnms. Sunmary of the Invention In
accor danceTik iftettvh@s [m@@ﬁilﬁéd innhﬁe(pber(dlad claineris am)hmbdnnmdmflﬁid nEbigoa Augio

ef fecting alLi asi ng cance t| 0 hm usi ng a del ay
nodul at ed Eog‘?sél‘ﬁ%gnddé’rﬂaf?e:ﬁ El%ﬂfaflﬁﬁ %Fg?‘? %'rf’u%l EHS%S EI‘lgommodul ator a: an

i nst ant aneous sanpl i ng frequency, [ ncI udi ng: determ ning the instantaneous
sanpling frequency 1/T ; and . -w band limting an input signal, to which

t he audloBﬁnggﬂi@mlsto be applied, 21 May 2004 -2 :0 'h Tw

prior to interpolation. Preferably, the delay nodul ated signal of a sanpled
version x[n] of the band Iimted anal ogue si gnal x(t) is expressed as .

gg 2} I:f(fa'g In :8\&}8 ' %ffg\'\ﬁ 2:%1;5 ﬂ\/\he‘rgﬁ%ym%ﬁ{?g{%%gr fl g%.)éél EHJI;H dek aﬁq\%\cmablc n
frequency. ofdskfbdkisniand ﬁéﬁé&ﬁnlcé)”w&stbbﬁc@@bw%&lk%‘:@% kg;ea}edxfsmg is

conputed using *' ~;n[c~ra~-~r,ury~3 = ~ Xjn~ - ~ stet-xr.
tMn+Dl | ti d(gmus;gn@rp'accpwm Th¢ modnlagog delayine. Fmeﬂtstr'@ebis;gf odny Ofth..sc

|g??]§ apgagggﬁ%%ﬁgggl Jn ec{seoiliﬁnﬁﬁ" for a gen raI |&_] cc: Sl gm unctm(i{}

linear functioa of the modulating dclay

Delay modulators introduce interpolation and aliasing artifacts, Previously, DSP
processors were limited in their procassing power and so it was understandable that
algorithms made no extra effort to correct such errors. However, today, processing
power is becoming lesser and lesser the initing factor. In such a setting it is important

that high gquality be achieved by removing all artifacts and distortion.
The present invention seeks to cancei aliasing in audio effects algorithms.

In accordance with the present inventicn, there is provided a method for effecting aliasing

cancellation in an audio effects algorithm using a delay modulated sional, derived from

interpolation of a delay modulator at an instantanecus sampling frequency, including:
determining the insuctancous sampling frequency 1/T ¢ and

tand limiting an input sigoal, to which the audio affects algorithm is to be applied,




21 May 2004 -3 Detail ed Description of a Preferred Enbodi nent nsider a

uni formy sanpled version z(n) of the bandlimted anal og signal s(rJ. A
single lection or echo of the signal can be inplenented by the foll ow ng
filter, which adds mthe xt signal a delayed Bogy of itself y[n} = as(nJ -t
(1- a * x[n+d(n)], 1 ~a>D (1) r echo the delay d(x)=Dp4Yayino4s
essentially neans that delay is constant. Note drat sough the equation (1)
i s noncausal the actual system can be nade causal by adding an
:ral-1-delay.- ire interesting audio geffects, such as flanging, chorus and
reverberation car be created by owwng the delay d(n) to vary in tinme e.qg.
d(n) = D2 sin(won) . Therefore the delay cps oscillating between -DI 2 and
B2, about NoTo] .Far the sinple inplenmentations of (1) the
effect |$°I’{]§-€Rer\?\}for tgilﬁgﬁkeé%m}&?he | ead singer sings normally while the ter
si nger keeps raC| ng up and down. insider the delay nodul ator (also known as
vi br at 0)

== d(tt)J 1). It tiall t.0 f
non- uni f @Yf ﬁﬁ‘-‘-%l ‘-il'lﬁgh@ﬂ"J @ﬂ@'&%‘Fé ﬁ‘&lpgl){%f @ sampled ;%Flna [’Qy ?ﬂh‘f gg)&zﬁ@f \F/)VGF]) f _rl_m)
th to th t t hat
R e R A

conmput e y(><J.whHdre ni#mﬂnegd: Broach is to 21 May 2004 -4 _ linear, cubic
or | anrange mterpoéatlon . Lx&%; - k]~ n tr~rt AANN =

I NT(n+D/ I rin(w'n)) nﬁ’&?ﬂm"ﬁ Psin(xon) 7T~ - n'T, iat these

i nterpol ati on met hogp L SubiS G haREng memibE;Rad! rom sanpl i ng
below the quilt Ii mt nS| er "the instantaneols sanpling frequency (I1~I;y)

at tine nT, + tit TTy/= {/szDpldyg I¢quendy.T, ~ {n- 1 +D/2 sin(wo(n-1)}T, _ {1
+D/ 2si nwocos(2n-1)w, } T, renove aliasing errors fromthe interpol ated
signal, the signal z(nJ should be first tdlitnited to 1/IT,~ . The.

i nt er pol ac At APCiniokboISHAMEE e Wl e s (Al dofifpatednBingat i on by
using the acnaiiog r{:(k;%nst__umg % g%gw how this is
possi bl e. know from sanpl t'&g‘rt eog'é,m Itk tm[t(m-kgwga}a z(t), bandlimted to
F~L, can be constructed ¥ Z&nhda@s x(t) - 1IF ~ F ~f

X[ n] ey~F~F. ~enfFr~ tee the new sa_rrpllng frequency is F,~ 1/T;,r (and if F~
< F,) the LM (ni-%x Iﬁ ~ati oa shoul d be changed accordingly, thus

Leadi ng to’5<'( x[n]e ~' ~avF, ~~~~FrdF JF >on sinplification
the above BY ¥ EaHE/4FEHPE L8 rs, ] x(t) -~ x(n][ ~(-~r.Yr, sally, the

summation nust be limted to a finite range) for practical inplenentation.
~erefore n) = x~(n'T, + fit), evaluated by considering 2N+l sanpl e points

(s(n)) abpfenbsy, théinitanelresis sampYhplirquedoy; féd 4 genetailsed modulating function Y1' .
£(n) is derived from T =[1+g(n) - g(n-1)]7,.




21 May 2004 -S the about exanple the nodulating function was the
sinusoidal Siil won. If a general odulating function g(n) is used the above
formulation still works with the definition of the stantaneous sanpling
frequency as (1/T;,,) as T;,~= (1 +g(n) - g(re -1)]T, 21 May 2004 -6
CLAIMS 1. A nethod for effecting abasing cancellation in an aygif sbhects
al gorithmusing a delay nodul ated signal, derived frominterpolafion of a
del ay nodul ator at an instantaneous sanpling frequency, including:
determ ni ng the instantaneous sanpligg frequency IIT;,~; and band limting
an input signal, to which the audio effects algorithmis to be applied to
"fi T,~ prior to interpolation. 2. A nethod as clainmed in claiml, wherein

t he del ayﬂqﬂgﬂﬁ% 0i¥3 praferred STOdRbBGeMer si on x(n] of the band limted
anal ogue ‘st gnal X I's expre as y(n]=x({n+Dl 2sin(wdt)} Tf) where n =
integer D = maxi num del ay W= oscillating frequency of the delay nodul ator;
and T, = dsiderpt iniformlygsampulsd version Wrﬁfgthaéaeﬂm% apalog) signil g6
i nt er pol aedtion of echloesfctbe aignabeinl et wepiemeated Py rthe followingfiltendvhish adds woyhe _ |
-~ [ n. - -=ck}ipgnal 4 detrydd copyrafidseli x star-kr,vr. n' = INT(n~Df Zsin(wn)J G =
(ntDl I sin(wan)JTf - n'T,. 4. A nmethod as clainmed in any one of clains 1 to

3, wherein t j O 1S\ S j e g for a generalised -q
nodul ati ng fgﬁnc](i %ﬂg'?%)nﬁl)s%aerl eﬁr#\?vz]”( (%U?rgj;)o - 8(n-1)1T,. M

I NV N*(/ N$& Nf°/ N=/ Nd&) BY' KeTW bdm} wgl fa\};\]ca calca %] callc C cab%f}ca
¥ . .
) cal o oo oy e e RO R AT
scall delay.—-—

re interesting audio effects, such as flanging, chorus and reverberation can be created by
owing the delay dfn) to vary in time e.g. d{r) = D/2sin(wan) . Therefore, the delay
sps oscillating between -Df2 and D72, about the centre point. For the simple
plementations of (1) the effect is like two singers - the Jead singer sings normally while the
1er singer keeps racing up and down.

msider the delay modulator (also known as vibraw) y(r)=x{n-+d(n)] in (1). It
sentially attempts to perform non-uniform sampling of the signal x(1) i.e.

y[n)} = x({n + Di2 sin{w,n)}T)
nce the only information about x(f) that is available to the system is that of wvaloes at

screte times nT, somme form of interpolation is required to compute y[n]. The simplest
proach is to
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\at these interpolation methods overlook is the aliasing resulting from sampling below the
guist limit.

asider the instantancous sampling frequency (I/7,) attime n'7, + &
Tir= {n+D2sin{w,n)}7; ~ {n—1+D2sin{wy(n— 1}}T,
= {1+ Df2sinw,cos(2n— )w,}T, |
remove aliasing errors from the interpolatad signal, the signal xfn] should be first
wudlimited to 127, . The interpolation and filtering however can be combined into one

:ration by using thc analog reconstruction filter model. We now show how this is possibie.

» know from sampling theorem that the signal x(z), bandlimited to F/2, can be
onstructed from its sampies x(nT ) as

x(f) = 1/F_,jf:2 [§ x[n]e—!wulﬂ ]eJhF: dF

ice the new sampling. frequency is F = I/T, (and if F,, < F)) the limit in the above
aation should be changed accordingly, thus leading to

e [¥ -w.w,] BRFt T
=)= VF [ Exinle e FIgF
on simpiification the above Eq leads to
e in| {(—-aT, VT,
I;(r) =§ x[n][ “n[ﬁ_:—arsyr:ur]]
aelly, the summation must be lLimited to a finite range, for practical implementation.
erefore

nl=x.{n'T, + A1), evaluated by considering 2N+1 sample points (x{n]) about a7Ts, is
uivalent to

N I sin r(MT;Ww’]
y[n] =h-Z-N I[n’ - k]l_ L;:(&-U':WJ ]
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 the above example the modulating function was the sinuscidal sinw,n. If a general
odulatng function g(n) is used the above formulation still warks with the definition of the

stantancous sampling frequency as (J/T0 as Tur=(1+g(n) — gln - 117,
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| " #$oR (Wr+ A method for effecting aliasing c. tion in an audio ctfects algorithm using a
delay modulated signal, derived from interpolation of a delay modulator at an
instantaneous sampling frequency, including:
determining the instantancous 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, where the delay modulated signal of a sampled
version x{n] of the band limited analogue signal x(?) is expressed as
yinl=x({n+DiIsin(wmn)}T)
_ where n = integer
D = maximum delay
W,= oscillating frequency of the delay medulator; and

7, = l/sampling frequency.

3. A method as claimed in claim 2, wherein interpolation of the delay modulated
signal y(n] is compuied using

e

TTE , Faaltamryn,)
y[n] ‘-hz—N x[n’ - k]!_ R(M’y:rjqr ]

n' = INI{n+D/2sin(w,n})
At = [n+D2sin(wn)]T, - n'T,.

4. A method as claimed in any one of claims 1 to 3, wherein the instantanesous
sarnpling frequency, for a generalised modulating functon gi{n} is derived from
Ty=[l+g(n) - glo-1]7,.




