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(Allmost) Ready-to-use oscillators

(Allmost) Ready-to-use oscillators

Type : waveform generation
References : Ross Bencina, Olli Niemitalo, ...

Notes:
Ross Bencina: original source code poster
Olli Niemitalo: UpdateWithCubiclnterpolation

Code:
//this code is neant as an EXAMPLE

/[ /uncoment if you need an FM oscill ator
[/ define FM OSCI LLATOR

/~k
menbers are:

fl oat phase;
int Tabl eSi ze;
fl oat sanpl eRat e;

float *tabl e, dtableO, dtablel, dtable2, dtable3;

->t hese should be filled as folows... (renmenber to wap around!!!)
table[i] = the wave-shape

dtableO[i] = table[i+1] - table[i];

dtablel[i] = (3.f*(table[i]-table[i+1l])-table[i-1]+table[i+2])/2.f
dtable2[i] = 2. f*table[i+1]+table[i-1]-(5.f*table[i]+table[i+2])/2.f
dtabl e3[i] = (table[i+1]-table[i-1])/2.f

*/

float Oscillator::UpdateWthoutlnterpol ation(fl oat frequency)
{

int i = (int) phase;
phase += (sanpl eRate/ (fl oat Tabl eSi ze)/frequency;

i f (phase >= (fl oat) Tabl eSi ze)
phase -= (fl oat) Tabl eSi ze;

#i f def FM OSCl LLATOR
i f(phase < 0.f1)
phase += (fl oat) Tabl eSi ze;
#endi f

return table[i] ;
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float Gscillator::UpdateWthLi nearlnterpol ation(float frequency)

{
int i = (int) phase;
fl oat al pha = phase - (float) i;

phase += (sanpl eRate/ (fl oat) Tabl eSi ze)/frequency;

i f(phase >= (fl oat) Tabl eSi ze)
phase -= (fl oat) Tabl eSi ze;

#i fdef FM OSCI LLATOR
i f(phase < 0.f)
phase += (fl oat) Tabl eSi ze;

#endi f
/*
dtabl eO[i] = table[i+1] - table[i]; //remenber to wap around!!
*/
return table[i] + dtableO[i]*al pha;
}
float Gscillator::UpdateWthCubiclnterpolation( float frequency )
{

int i = (int) phase;
fl oat al pha = phase - (float) i;

phase += (sanpl eRate/ (fl oat) Tabl eSi ze)/frequency;

i f(phase >= (fl oat) Tabl eSi ze)
phase -= (fl oat) Tabl eSi ze;

#i fdef FM OSCI LLATOR
i f(phase < 0.f)
phase += (fl oat) Tabl eSi ze;
#endi f

[* [/remenber to wap around!!
dtablel[i] = (3.f*(table[i]-table[i+1])-table[i-1]+table[i+2])/2.f
dtable2[i] = 2.f*tabl e[i+1] +tabl e[i-1]-
(5.f*table[i] +table[i+2])/2.f
dtable3[i] = (table[i+1]-table[i-1])/2.f
*/

return ((dtabl el[i]*al pha + dtable2[i])*al pha +
dtabl e3[i]) *al phattabl e[i];

}
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16-to-8-hit first-order dither

16-to-8-bit first-order dither

Type: First order error feedforward dithering code
References : Posted by Jon Watte

Notes:
Thisis about as ssimple a dithering algorithm as you can implement, but it's likely to sound
better than just truncating to N bits.

Note that you might not want to carry forward the full difference for infinity. It's probably likely
that the worst performance hit comes from the saturation conditionals, which can be avoided
with appropriate instructions on many DSPs and integer SIMD type instructions, or CMOV.

Last, if sound quality is paramount (such as when going from > 16 bits to 16 bits) you probably
want to use a higher-order dither function found elsewhere on this site.

Code:

[l This code will down-convert and dither a 16-bit signed short
/1 nmono signal into an 8-bit unsigned char signal, using a first
/1 order forward-feeding error termdither.

#def i ne uchar unsigned char

void dither_one _channel 16 to 8( short * input, uchar * output, int count,
int * menory )

{
int m= *nmenory;
while( count-- > 0 ) {
int i = *input++;
i +=m
int j =i + 32768 - 128;
uchar o;
if(j] <0) {
o = 0;
}
else if( j > 65535 ) {
o0 = 255;
}
el se {
o = (uchar) ((j>>8) &xff);
}
m= ((j-32768+128)-1);
*out put ++ = o0;
}
*menory = m
}
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18dB/oct resonant 3 pole L PF with tanh() dist

18dB/oct resonant 3 pole LPF with tanh() dist

References : Posted by Josep M Comajuncosas
Linked file: 1pf18.zip
Linked file : Ipf18.sme

Notes:
Implementation in CSound and Sync Modular...
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1st and 2nd order pink noisefilters

1st and 2nd order pink noise filters

Type: Pink noise
References : Posted by umminger@umminger.com

Notes:
Here are some new lower-order pink noise filter coefficients.

These have approximately equiripple error in decibels from 20hz to 20khz at a 44.1khz
sampling rate.

1st order, ~ +/- 3 dB error (not recommended!)
num = [0.05338071119116 -0.03752455712906]
den = [1.00000000000000 -0.97712493947102]

2nd order, ~ +/- 0.9 dB error
num = [ 0.04957526213389 -0.06305581334498 0.01483220320740 ]
den =[ 1.00000000000000 -1.80116083982126 0.80257737639225 ]
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2 Wave shaping things

References : Posted by Frederic Petrot

Notes:

Makes nice saturations effects that can be easilly computed using cordic
First using a atan function:

y1lusing k=16

max is the max value you can reach (32767 would be a good guess)
Harmonics scale down linealy and not that fast

Second using the hyperbolic tangent function:
y2 using k=2
Harmonics scale down linealy very fast

Code:
yl = (max>>1) * atan(k * x/max)

y2 = max * th(x/max)
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303 type filter with saturation

303 type filter with saturation

Type: Runge-Kutta Filters
References : Posted by Hans Mikelson
Linked file: filtersOO01.txt (thislinked file isincluded below)

Notes:

| posted afilter to the Csound mailing list a couple of weeks ago that has a 303 flavor toit. It basically does
wacky distortions to the sound. | used Runge-Kutta for the diff eq. simulation though which makes it somewhat
sluggish.

Thisisa CSound scorel!!

Linked files

; Runge-Kutta Filters
; Coded by Hans M kel son June, 2000

Sr = 44100 ; Sanple rate

kr = 44100 ; Kontrol rate

ksnps = 1 ; Sanpl es/ Kontrol period
nchnls = 2 ; Normal stereo

zakinit 50, 50

instr 1
i dur = p3 ; Duration
i anp = p4 ;  Anplitude
ilps = p5 ; Loops
iofst = p6 ; O fset
itabl = p7 ; Table
ioutch = p8 ; Qut put channe
i phase = p9 ; Phase
kout oscili ianp, ilps/idur, itabl, iphase ; Create the envel ope
zkw kout +i of st, ioutch ; Send out to the zak channe
endin
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303 type filter with saturation

i dur

i anp
kf co2
kql

i h

i panl
I panr
i fgc
kpb
kpa
kasym
kasep

kdcl ck
kf col
kfco
kq

kfc

ay
ayl
ay?2
ay3
axs
avxs
ax

N
=~
=

zkr

p3 ; Duration

p4 ; Anpl i tude

p5 ; Filter cutoff

p6 , Q

. 001 ;. Diff eq step size

sqrt (p8) ; Pan | eft

sqrt(1-p8) ; Pan ri ght

cpspch(p9) ; Pitch to frequency

pl0 ; Pentic bounce frequency
pll ; Pentic bounce anount
pl2 ; Q assymmetry anount
pl3 ; Qasymmetry separation

linseg O, .02, 1, idur-.04, 1, .02, 0 ; Declick envel ope
expseg 1, idur, .1

nit
nit
nit
nit
nit
nit

VCO

kf col*kf co?2
kql*kfconl. 2*.1
kf co/ 8/ sr*44100

QO OO O0OOo

1, ifgec, 2, 1, 1, 1 , Square wave

R-K Section 1

af dbk

= kg*ay/ (1+exp(-ay*3*kasep) *kasym ; Only oscillate in one

di rection

akll = i h*( (ax-ayl) *kf c- af dbk)

ak21 = i h*((ax-(ayl+.5*ak11)) *kf c- af dbk)

ak31 = i h*((ax-(ayl+.5*ak21)) *kf c- af dbk)

ak4l = i h*((ax-(ayl+ak31)) *kf c- af dbk)

ayl = ayl+(akll+2*ak21+2*ak31+ak41)/6

. R K Section 2

akl2 = i h*((ayl-ay2)*kfc)

ak22 = i h*((ayl- (ay2+.5*ak12)) *kfc)

ak32 = i h*((ayl-(ay2+. 5*ak22)) *kfc)

ak42 = i h*((ayl- (ay2+ak32)) *kf c)

ay2 = ay2+(akl12+2*ak22+2*ak32+ak42)/ 6

; Pentic bounce equation

ax3 = -.1*ay*kpb

aaxs = (ax3*ax3*ax3*ax3*ax3+ay2) *1000* kpa

. R-K Section 3
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303 type filter with saturation

akl3 = i h*((ay2-ay3) *kf c+taaxs)

ak23 = i h*((ay2- (ay3+. 5*ak13)) *kf c+aaxs)
ak33 = i h*((ay2- (ay3+. 5*ak23)) *kf c+aaxs)
ak43 = i h*((ay2- (ay3+ak33)) *kf ct+aaxs)
ay3 = ay3+(akl13+2*ak23+2*ak33+ak43)/ 6

: R-K Section 4
akl4

= i h*((ay3-ay)*kfc)

ak24 = i h*((ay3-(ay+. 5*ak14)) *kf c)

ak34 = i h*((ay3- (ay+. 5*ak24)) *kf c)

ak44 = i h*((ay3-(ay+ak34))*kfc)

ay = ay+(akl4+2*ak24+2*ak34+ak44)/ 6

aout = ay*i anp*kdcl ck*. 07 ; Apply anp envel ope and decli ck

outs aout *i panl, aout*ipanr ; Qutput the sound
endi n

-- Hans M kel son <hljmm@harter. net>
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3rd order Spline interpollation

3rd order Spline interpollation

References : Posted by Dave from Muon Software, originally from Josh Scholar

Notes:

(from Joshua Scholar about Spline interpollation in general...)

According to sampling theory, a perfect interpolation could be found by replacing each sample
with a sinc function centered on that sample, ringing at your target nyquest frequency, and at
each target point you just sum all of contributions from the sinc functions of every single point
in source.

The sinc function has ringing that dies away very slowly, so each target sample will have to
have contributions from alarge neighborhood of source samples. Luckily, by definition the sinc
function is bandwidth limited, so once we have a source that is prefilitered for our target
nyquest frequency and reasonably oversampled relative to our nyquest frequency, ordinary
interpolation techniques are quite fruitful even though they would be pretty useless if we hadn't
oversampled.

We want an interpolation routine that at very least has the following characteristics:

1. Obvioudly it's continuous. But since finite differencing asignal (I don't really know about
true differentiation) is equivalent to alow frequency attenuator that drops only about 6 dB per
octave, continuity at the higher derivatives isimportant too.

2. It hasto be stiff enough to find peaks when our oversampling missed them. Thisis where
what | said about the combination the sinc function's limited bandwidth and oversampling
making interpolation possible comesinto play.

I've read some papers on splines, but most stuff on splines relates to graphics and uses a control
point descriptions that is completely irrelevant to our sort of interpolation. In reading this stuff |
quickly came to the conclusion that splines:

1. Arejust piecewise functions made of polynomials designed to have some higher order
continuity at the transition points.

2. Splines are highly arbitrary, because you can choose arbitrary derivatives (to any order) at
each transition. Of course the more you specify the higher order the polynomials will be.

3. | dready know enough about polynomials to construct any sort of spline. A polynomial
through 'n' points with a derivative specified at 'm[1]' points and second derivatives specified at
'm[2]' points etc. will be a polynomial of the order n-1+m[1]+m[2]...

A way to construct third order splines (that admittedly doesn't help you construct higher order
splines), isto linear interpolate between two parabolas. At each point (they are called knots)
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you have a parabola going through that point, the previous and the next point. Between each
point you linearly interpolate between the polynomials for each point. This may help you
imagine splines.

Asastarting point | used a polynomial through 5 points for each knot and used MuPad (a free
Mathematica like program) to derive a polynomial going through two points (knots) where at
each point it has the same first two derivatives as a 4th order polynomial through the
surrounding 5 points. My intuition was that basing it on polynomials through 3 points wouldn't
be enough of a neighborhood to get good continuity. When | tested it, | found that not only did
basing it on 5 point polynomials do much better than basing it on 3 point ones, but that 7 point
ones did nearly as badly as 3 point ones. 5 points seems to be a sweet spot.

However, | could have set the derivatives to a nearly arbitrary values - basing the values on
those of polynomials through the surrounding points was just a guess.

I've read that the math of sampling theory has different interpretation to the sinc function one
where you could upsample by making a polynomial through every point at the same order asthe
number of points and this would give you the same answer as sinc function interpolation (but
this only converges perfectly when there are an infinite number of points). Your head is
probably spinning right now - the only point of mentioning that is to point out that perfect
interpolation is exactly as stiff as a polynomial through the target points of the same order as the
number of target points.

Code:
/'linterpol ates between LO and HO taking the previous (L1) and next (H1)

poi nts into account
inline float Thirdlnterp(const float x,const float L1,const float LO, const
fl oat HO, const float H1)

{

return

LO +

. bf *

x*(HO-L1 +

x*(HO + LO*(-2) + L1 +
x*( (HO - LO)*9 + (L1 - H1)*3 +
x*((LO - HO)*15 + (H1 - L1)*5 +
X*((HO - LO)*6 + (L1 - H1)*2)))));

}
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5-point splineinterpollation

5-point spline interpollation

Type: interpollation

References : Joshua Scholar, posted by David Waugh

Code:

/I nMask = si zeof wavet abl e-1 where si zeof wavetable is a power of two.
doubl e i nterpol at e(doubl e* wavet abl e, int nMask, double |ocation)

{
[* 5-point spline*/

int nearest_sanple = (int) |ocation;
double x = location - (double) nearest_sanpl e;

doubl e pO=wavet abl e[ (near est _sanpl e- 2) &Mask] ;
doubl e pl=wavet abl e[ (near est _sanpl e- 1) &Mask] ;
doubl e p2=wavet abl e[ near est _sanpl e] ;

doubl e p3=wavet abl e[ (near est _sanpl e+1) & Mask] ;
doubl e p4=wavet abl e[ (near est _sanpl e+2) & Mask] ;
doubl e p5=wavet abl e[ (near est _sanpl e+3) & Mask] ;

return p2 + 0.04166666666*x*( (p3-pl)*16. 0+(p0-p4)*2.0
*((p3+pl) *16. 0- p0- p2*30. 0- p4

*(p3*66. 0- p2*70. 0- p4*33. 0+p1*39. 0+ p5*7.0- p0*9.0

*( p2*126. 0- p3*124. 0+p4*61. 0- p1*64. 0- p5*12. 0+p0*13.0
“((p3-p2)*50. 0+(pl- p4)*25. 0+(p5-p0)*5.0)))));

+ + + +
X X X X
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Alias-free waveform generation with analog filtering

Alias-free waveform generation with analog filtering

Type : waveform generation
References : Posted by Magnus Jonsson
Linked file : synthesis001.txt (this linked file is included below)

Notes:
(seelinkfile)

Linked files

alias-free waveform generation with analog filtering

Ok, here is how!l didit. I"'mnot 100% sure that everything is correct.
I'"l'l denponstrate it on a square wave instead, although i havent tried it.

The i npul se response of an anal og pole is:

r(t) = exp(p*x) if t >= 0,
0 ift <O

notice that if we knowr(t) we can get r(t+1) = r(t)*exp(p).

You all know what the waveform | ooks like. It's a constant -1
followed by constant 1 followed by .....

We need to convol ve the inmpul se response with the waveform and sanple it at discrete
i nterval s.

VWhat if we assune that we already know the result of the | ast sanple?

Then we can "nove" the previous result backwards by multiplying it with exp(p) since

r(t+l) = r(t)*exp(p)

Now the problemis reduced to integrate only between the |last sanple and the current
sanpl e, and add that to the result.

some pseudo- code:

whil e forever

{

result *= exp(pole);

phase += freq;

result += integrate(waveform phase-freqg*t), exp(t*pole), t=0..1);
}

i nt egrat e(square(phase-freq*t), exp(t*pole), t=0..1)

The square is constant except for when it changes sign.
Let's find out what you get if you integrate a constant multiplied with
exp(t*pole) =)

i ntegrate(k*exp(t*pole)) = k*exp(t*pole)/pole
k = square(phase-freqg*t)

and with t fromO to 1, that becones
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Alias-free waveform generation with analog filtering

k*exp(pol e)/ pol e-k/ pol e = (exp(pol e)-1)*k/pole
the only problemleft to solve nowis the junps from+1 to -1 and vice versa.
you first calculate (exp(pole)-1)*k/pole like you'd normally do

then you detect if phase goes beyond 0.5 or 1. If so, find out exactly
where between the sanples this change takes place.

subtract integrate(-2*exp(t*pole), t=0..place) fromthe result to
undo the error

Since | amterribly bad at explaining things, this is probably just a nmess to you :)

Here's the (unoptim sed) code to do this with a saw
note that sum and pol e are conpl ex.

fl oat getsanpl e()

{ sum *= exp(pol e);
phase += freq;
sum += (exp(pol e)*((phase-freq)*pol e+freq)-(phase*pol e+freq))/ pole;
if (phase >= 0.5)
{ float x = (phase-0.5)/freq;
sum - = exp(pol e*x) - 1. Of ;
phase -= 1;
}
\ return sumreal ();

There's big speedup potential in this i think

Since the filtering is done "before" sanpling,
aliasing is reduced, as a free bonus. with high cutoff
and high frequencies it's still audible though, but
much | ess than without the filter

If aliasing is handled in sone other way,
adigital filter will sound just as well, that's what i think

-- Magnus Jonsson <zeal @i | . kuriren. nu>
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Alien Wah

Alien Wah

References : Nasca Octavian Paul ( paulnascal AT]email.ro)
Linked file: alienwah.c (thislinked fileisincluded below)

Notes:
"| found this algoritm by "playing around" with complex numbers. Please email me your opinions about it.

n

Paul.

Linked files

/*

Ali en-Wah by Nasca Cctavian Paul from Tg. Miures, Romani a
e-mail: <paul nasca@nail.ro> or <paul nasca@ahoo. conp.
*/

/*

The al gorithmwas found by me by m stake(l was | ooking for sonething else);

| called this effect "Alien Wah" because sounds a bit |ike wahwah, but nore strange.
The ideea of this effect is very sinple: It is a feedback del ay who uses conpl ex
nunbers.

If X[] represents the input and y[] is the output, so a sinple feedback del ay | ooks
like this:

y[ n] =y[ n-del ay] *f b+x[ n] *( 1-f b)

"fb' is a real nunber between 0 and 1.
If you change the fb with a conpl ex nunber who has the MODULUS snmaller than 1, it
will look Iike this.

fb=R*(cos(al pha) +i *sin(al pha)); i1i72=-1; R<1;
y[ n] =y[ n-del ay] *R*(cos(al pha) +i *si n(al pha))+x[n]*(1-R);

al pha is the phase of the nunber and is controlled by the LFQ(Low Frequency
Gscillator).

If the 'delay' paraneter is |low, the effect sounds nore |ike wah-wah,

but if it is big, the effect will sound very interesting.

The input x[n] has the real part of the sanples fromthe wavefile and the imaginary
part is zero.

The output of this effect is the real part of y[n].

Here it is a sinple and unoptimnised i npl enmentation of the effect. Al paraneters
shoul d be changed at conpile tine.
It was tested only with Borland C++ 3. 1.

Pl ease send me your opinions about this effect.

Hope you like it (especially if you are play to guitar).
Paul .

*/

/*
Ali en WAh Par aneters

freq - "Alien WAh" LFO frequency
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start phase - "Alien Wah" LFO startphase (radi ans), needed for stereo

fb - "Alien WAh" FeedBack (0.0 - |ow feedback, 1.0 = 100% hi gh feedback)
del ay - delay in sanples at 44100 KHz (recomanded from5 to 50...)
*/

#i ncl ude <conpl ex. h>
#i ncl ude <fcntl. h>

#i ncl ude <sys\stat. h>
#i ncl ude <i o. h>

#i ncl ude <stdi o. h>

#i ncl ude <mat h. h>

/*
.raw files are raw files (w thout header), signed 16 bit, nono
*/
#define infile "a.raw' //input file
#define outfile "b.raw' //input file
#defi ne sanpl erate 44100

#defi ne bufsize 1024
i nt bufl[bufsize];//input buffer
i nt buf 2[ bufsize];//output buffer

#define | foskipsanples 25 // How many sanples are processed before conpute the Ifo
val ue again

struct parans
{
float freq, startphase, fb;
i nt del ay;
} awpar ans;
/lalien wah internal paraneters

struct alienwahi nternals
{

conmpl ex *del aybuf;
float Ifoskip;

long int t;

conpl ex c;

int k;
} awint;

/leffect initialisation
void init(float freq,float startphase,float fb,int delay){
awpar ans. freq=fr eq;
awpar ams. st art phase=st art phase;
awpar ans. f b=f b/ 4+0. 74;
awpar ans. del ay=(i nt) (del ay/ 44100. O*sanpl erate) ;
if (delay<l) del ay=1;
awi nt . del aybuf =new conpl ex[ awpar ans. del ay] ;
int i;
for (i=0;i<delay;i++) aw nt.delaybuf[i]=conplex(0,0);
awi nt. | f oski p=freq*2*3. 141592653589/ sanpl er at €;
awi nt . t=0;
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/I process buffer
voi d process()

{

}

i
f

nt i;
| oat | fo, out;

compl ex outc;

f
{

} .

or (i =0;i <bufsi ze;i ++)

if (awint.t++% f oski psanpl es==0)
{
| fo=(1+cos(awi nt.t*aw nt.| f oski p+awpar ans. st art phase));
awi nt . c=conpl ex(cos( ! fo)*awpar ans. f b, si n(l fo) *awparans. fb);
¥
out c=awi nt . c*awi nt. del aybuf [ awi nt. k] +( 1- awpar ans. fb) *buf 1[i];
awi nt . del aybuf [ awi nt . k] =out c;
i f ((++aw nt. k) >=awpar ans. del ay)
awi nt . k=0;
out=real (outc)*3; //take real part of outc
i f (out<-32768) out=-32768;
else if (out>32767) out=32767; //Prevents clipping
buf 2[i] =out;

int main()

{

char f1,f2;

i nt readed;

long int fil ereaded=0;

printf("\n");

f 1=open(infil e, O RDONLY| O Bl NARY) ;
renmove(outfile);
f2=open(outfil e, O Bl NARY| O CREAT, S | WRI TE)
long int i;

init(0.6,0,0.5,20); //effects paraneters

do

{
readed=read(f 1, buf 1, buf si ze*2);

process();

write(f2,buf2,readed);
printf("%d bytes \r",fil ereaded);
fil ereaded+=readed;

}whil e (readed==bufsi ze*2);

del et e(awi nt . del aybuf);
cl ose(fl);

cl ose(f2);
printf("\n\n");

return(0);
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All-Pass Filters, a good explanation

Type : information
References : Posted by Olli Niemitalo
Linked file : filters002.txt (this linked file isincluded below)

Linked files

Al -Pass Filters

A true allpass is not just:

Instead, the first peak is negative and has a carefully chosen height.

This can be achieved by adding scaled in(T) to the scal ed output of:
out(T) =1in(T) + out(T-delay)*gain

Choosing the scalings right... Looking at the critical frequencies,
those that go A) a nunber of full cycle per peak, and those that go B) a
nunber of full cycles and a half-cycle per peak, we can set the
constraints to elimnate cancellation:

A) The sum of all peaks nust be 1.

B) The sum of odd peaks m nus the sum of even peaks (including the
negati ve peak which we give nunber zero) nust be 1.

Let's get into business now that we know what we want. We call the

anpl i tude of the negative peak "a" and the anplitude of the first postive
peak "b". The ratio between adjacent positive peaks, the feedback gain, is
denoted by "g".
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A) The sum of positive peaks is a geonetric series and sinplifies to
b/ (1-g). Qur first constraint becones:

a+ b/(1-g = 1.

B) Using simlar math... The sum of odd peaks is b/(1-g”"2). The sum of
even peaks is a + b*g/(1-g”2). So the second constraint is forned:

b/ (1-g*2) - (a + b*g/(1-g*2)) = 1.
Solving the two equations we get:

a
b

-9
1-g"2

Here i had a GREAT phewww feeling of relief |ooking at
http://harnmony-central.com Effects/ Articl es/ Reverb/al |l pass. ht n

Choosing g is up to you. You can even nmake it negative, just renenber to
keep | g| < 1. Gosh, perhaps conplex g could be used to create a
pul sating response (forget i said that)!

W can wite the allpass routine in a progranmer-w se pl easant way,
still preserving ease of mathematical anal ysis:

m d(T)
out (T)

in(T) + g*m d(T-del ay);
(1/9-9)*md(T) - (1/g)*in(T);

That can be thought of as two filters put in serial and a third one in
parallel wth them The first of the two serial ones is the delay with
f eedback. The other "filters" are just different gains.

For the first code line, the frequency response is the usual set peaks:
1 - g er(-i wdelay)

Addi ng the m xing on the second code |ine gives the flat-nmagnitude
frequency response of the whole allpass system

| 1 - g er(-i wdelay) |
The phase response is a wavy one: (formula not doubl e-checked!)
(g"2-1) sin(delay w)

(gn2+1) cos(delay w) - 2g
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| hope this cleared things out - and that there aren't fatal errors! :)
-- Oli Nemtalo <oniemta@mil.student.oulu.fi>

Reprise des calculs (T = del ay)

1/g - g 1
H= -------“-------- - -
1 - g*exp(-1wl) g
1 - 9g"2 - (1 - grexp(-iwl))
H= ---c-c e e e e e e e e o -
(1 - g*exp(-iwl)) * g
-g + exp(-iwl)
H= ----------------
1 - g*exp(-iwl)
1 - g*exp(iwl)
H=exp(-iwWl * ---c-unmnmnnnn-

1 - g*exp(-iwl)

Le nunerateur et | e denom nateur sont conjugues. d ou

|H =1
et
g * sin(wl)
arg (H = -wl - 2 * arctan ---------------
1 - g * cos(wl)
Ce dephasage est |le nene que celui trouve par Ali mais a |'avantage de

separer le retard gl obal et |e dephasage.
-- Laurent de Soras <l|desoras@l ub-internet.fr>

More generally (in fact, maximally generally) you will get an all-pass
response with any transfer function of the form:

z"-n * sum (a(i) * z"™i)

H(z) = b * ------mmmmem e e oo - -

sum (conj (a(i)) * z"-i)
where |b| = 1 and of course n should be |arge enough that your filter is
causal .

-- Frederick Umm nger <fumm nger @vy- Dej a. conp
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Allocating aligned memory

Type: memory allocation
References : Posted by Benno Senoner

Notes:

we waste up to align_size + sizeof(int) bytes when we aloc a memory area.

We store the aligned_ptr - unaligned _ptr deltain an int located before the aligned area.
Thisis needed for the free() routine since we need to free all the memory not only the aligned
area.

You haveto use aligned freg() to free the memory allocated with aligned_malloc() !

Code:
/[* align_size has to be a power of two Il */
void *aligned nalloc(size t size, size t align_size) {

char *ptr,*ptr2,*aligned ptr;
int align_mask = align_size - 1;

ptr=(char *)mall oc(size + align_size + sizeof(int));
i f(ptr==NULL) return(NULL);

ptr2 = ptr + sizeof(int);

aligned ptr = ptr2 + (align_size - ((size_t)ptr2 & align_mask));
ptr2 = aligned ptr - sizeof(int);

*((int *)ptr2)=(int)(aligned ptr - ptr);

return(aligned ptr);

}
void aligned free(void *ptr) {
int *ptr2=(int *)ptr - 1;

ptr -= *ptr2
free(ptr);
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Bandlimited sawtooth synthesis

Type: DSFBLIT
References : Posted by emanuel.landeholm [AT] telia.com
Linked file : synthesis002.txt (thislinked file is included below)

Notes:
Thisisworking code for synthesizing a bandlimited sawtooth waveform. The algorithm is DSF BLIT + leaky
integrator. Includes driver code.

There are two parameters you may tweak:

1) Desired attenuation at nyquist. A low value yields a duller sawtooth but getsrid of those annoying CLICKS
when sweeping the frequency up real high. Must be strictly less than 1.0!

2) Integrator leakiness/cut off. Affects the shape of the waveform to some extent, esp. at the low end. Ideally you
would want to set this low, but too low a setting will give you problems with DC.

Have fun!
/Emanuel Landeholm

(see linked file)

Linked files

#i ncl ude <stdi o. h>
#i ncl ude <stdlib. h>
#i ncl ude <mat h. h>

/* Bandlimted synthesis of sawtooth by
* | eaky integration of a DSF BLIT

*

* Emanuel Landeholm March 2002
* emanuel . | andehol m@el i a. com
* Provided \"as is\".
* Free as in Ef Are Ee Ee.
*/
doubl e pi 3.1415926535897932384626433832795029L;

doubl e twopi 6. 2831853071795864769252867665590058L;

/* Leaky integrator/first order |owpass which
shapes the inmpulse train into a nice

- 6dB/ oct ave spectrum

The cutoff frequency needs to be pretty |ow sh
or the sawtooth will suffer phase distortion
at the | ow end.

* 0% ¥k X X X X

~
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t ypedef struct

{
doubl e x1, yl1;

doubl e a, b;
} |l owpass_t;

/* initializes a | owpass, sets cutoff/|eakiness */
void init_| owass(l owass t *Ip, double cutoff)
{

doubl e Orega;

| p->x1 = I p->y1l = 0.0;

Orega = atan(pi * cutoff);
Ip->a = -(1.0 - Onmega) / (1.0 + Onega);
lp->b = (1.0 - Ip->b) / 2.0;
}
doubl e updat e | owpass(| owpass_t *I| p, double x)
{
doubl e v;

y =1Ip->b * (x + Ip->x1) - Ip->a * | p->y1;

| p->x1 = x;
lp->yl =y;
return vy;

}

/* dsf blit datatype

*/

t ypedef struct

{
doubl e phase; /* phase accunul ator */
doubl e aNQ /* attenuation at nyquist */
doubl e curcps; /* current frequency, updated once per cycle */
doubl e cur per; /* current period, updated once per cycle */
| owpass_t |eaky; /* leaky integrator */
doubl e N, [* # partials */
doubl e a; /| * dsf paranmeter which controls roll-off */
doubl e aN; /* former to the N */

} blit_t;

/[* initializes a blit structure

*

* The aNQ paraneter is the desired attenuation
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* at nyquist. Alow value yields a duller

* sawtooth but gets rid of those annoyi ng CLI CKS
* when sweeping the frequency up real high. |aNQ
* must be strictly less than 1.0! Find a setting
* which works for you.

* The cutoff paraneter controls the |eakiness of
* the integrator.

*/

void init_blit(blit_t *b, double aNQ double cutoff)
{
b- >phase = 0.0;
b- >aNQ = aNQ
b->curcps = 0.0;
b- >curper = 0.0;
i nit_| owpass(&b-

}

/* Returns a sawtooth conputed froma | eaky integration
* of a DSF bandlimted inpulse train

>| eaky, cutoff);

* cps (cycles per sanple) is the fundanental
* frequency: 0 -> 0.5 == -> nyqui st

doubl e update blit(blit_t *b, double cps)
{

doubl e P2, beta, Nbeta, cosbeta, n, d, blit, saw

i f(b->phase >= 1.0 || b->curcps == 0.0)
{

/* New cycl e, update frequency and everything
* that depends on it
*/

i f(b->phase >= 1.0)
b- >phase -= 1.0;

b->curcps = cps; /* this cycle\'s frequency */
b->curper = 1.0/ cps; /* this cycle\'s period */

P2 = b->curper / 2.0;

b->N = 1.0 + floor(P2); /* # of partials incl. dc */

/* find the roll-off paraneter which gives
* the desired attenuation at nyqui st

*/
b- >a = pOV\( b- >aNQ, 1.0 / PZ) ,
b->aN = pow(b->a, b->N);
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}
beta = twopi * b->phase;
Nbeta = b->N * bet a;
cosbeta = cos(beta);

[* The dsf blit is scaled by 1 / period to give approxinately the sane
* peak-to-peak over a w de range of frequencies.

*/
n =10 -
b->aN * cos(Nbeta) -
b->a * (cosbeta - b->aN * cos(Nbeta - beta));
d = b->curper * (1.0 + b->a * (-2.0 * cosbeta + b->a));

b- >phase += b->curcps; /* update phase */

blit =n/ d- b->curcps; /* This division can only fail if |a] == 1.0
* Subtracting the fundamental frq rids of DC
*/

saw = updat e_| owpass( &b- >l eaky, blit); /* shape blit spectruminto a saw */

return saw,

}

/* driver code - wites headerless 44.1 16 bit PCMto stdout */
static int clipped = 0;

static void ADC out (double x)

{
short s;
if(x > 1.0)
{
++cl i pped;
x = 1.0;
}
else if(x < -1.0)
{
++cl i pped;
X = -1.0;
}

s = 32767.0 * x;

fwite(&s, sizeof(s), 1, stdout);
}

int main(int argc, char **argv)
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{
int i, L;
doubl e x, cps, cm
blit t b;
L = 1000000;

init_blit(&, 0.5, 0.0001);
/* sweep from40 to 20000 Hz */

cps = 40.0 / 44100. 0;
cm = pow(500.0, 1.0 / (double)lL);

for(i =0; i <L; ++i)
{
X = 2.0 * update blit(&b, cps);:
ADC out (x);

Cps *= cm

}
fprintf(stderr, \"% val ues were clipped\\n\", clipped);

return O;
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Bandlimited waveform generation

Type : waveform generation
References : Posted by Joe Wright
Linked file : bandlimited.cpp (this linked file isincluded below)

Linked file : bandlimited.pdf

Notes:
(seelinkfile)

Linked files

11
11
11
11
11

An exanpl e of generating the sawt ooth and parabol a wavet abl es
for storage to disk.

SPEED=sanpling rate, e.g. 44100. 0f
TUNI NG=pi tch of concert A, e.g. 440.0f

FEEEEEErrrr b rrrrrrrri

11
/11
11
/11
11
/11
11
/11
11
/11
11
/11
11
/11
/11
/11
11
/11
11
/11
11
/11

Wavet abl e reverse | ookup
G ven a playback rate of the wavetable, what is wavetabl es i ndex?

rate = f.wavesi ze/fs e.g. 4096f/44100
max partials = nyquist/f = wavesize/2rate e.g. 2048/rate

using max partials we could then do a | ookup to find the wavetabl es i ndex
in a pre-calculated table

however, we could skip max partials, and | ookup a table based on a
function of f (or rate)

the first fewnidi notes (0 - 9) differ by < 1 so there are duplicates
val ues of (int) f.

therefore, to get an index to our table (that indexes the wavetabl es)
we need 2f

to get 2f fromrate we nmultiply by the constant
2f = 2. fs/wavesize e.g. 88200/ 4096

our |ookup table will have a | ength>25087 to cover the mdi range
we'll nmake it 32768 in length for easy processing

int a,b,n;
fl oat* dat a;
float* sinetabl e=new fl oat[4096];
fl oat* datap;
for (b=0; b<4096; b++)
si net abl e[ b] =si n( TWOPI *(f | oat) b/ 4096. 0f ) ;
int partials;
int partial;
int partialindex,reverseindex,|astnunmpartial s;
fl oat max, m
int* reverse;

http://www.musicdsp.org/showone.php?id=17 (1 of 5) [11/10/2002 12:52:44 AM]


http://www.musicdsp.org/files/bandlimited.cpp
http://www.musicdsp.org/files/bandlimited.pdf

Bandlimited waveform generation

/] sawt oot h

dat a=new fl oat[ 128*4096] ;
reverse=new i nt[ 32768] ;

rever sei ndex=0;
parti al i ndex=0;
| ast nunparti al s=-1;

for (n=0; n<128; n++)

{
partial s=(int)((SPEED*0. 5f)/fl oat (TUNI NG (fl oat)pow 2, (fl oat)
(n-69)/12.0f))); //(int) NYQU ST/ f
i f(partials!=lastnunpartials)
{
dat ap=&dat a[ parti al i ndex*4096] ;
for (b=0; b<4096; b++)
datap[ b] =0. 0f ; // bl ank wavet abl e
for(a=0; a<partial s; at++)
{
parti al =a+1;
mecos((fl oat)a*HALFPI/ (fl oat) parti al s);
/1 gi bbs
m=m //gibbs
m =(fl oat) parti al ;
for (b=0; b<4096; b++)

dat ap[ b] +=n¥si net abl e[ (b*parti al ) %4096] ;

}

| ast nunparti al s=partial s;

a=int (2. Of *TUNI NG (fl oat) pow 2, (fl oat) (n-
69)/12.0f)); //2f

f or (b=r ever sei ndex; b<=a; b++)

reverse[ b] =parti al i ndex;
rever sei ndex=a+1
parti al i ndex++;

}

for (b=reversei ndex; b<32768; b++)
reverse[ b]=partial i ndex- 1;

ar << (int) partialindex; //nunber of waveforns
ar << (int) 4096; //waveformsize (in sanples)

max=0. 0;
for (b=0; b<4096; b++)
{
i f(fabs(*(data+b))>max) //normalise to richest waveform (0)
mex=(fl oat) f abs(*(dat a+b));

}
for(b=0; b<4096*parti al i ndex; b++)
{
*(dat a+b) / =max;
}
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/lar.Wite(data, 4096*parti ali ndex*si zeof (float));
/lar. Wite(reverse, 32768*si zeof (int));

delete [] data;
delete [] reverse;

}
// end sawt oot h

/'l parabol a

dat a=new f| oat[ 128*4096] ;
reverse=new i nt[ 32768];

rever sei ndex=0;
parti al i ndex=0;
| ast nunpartial s=-1;

float sign;

for (n=0; n<128; n++)

{

(n-69)/12.0f))):

partial s=(int)((SPEED*0. 5f)/fl oat (TUNI NG (fl oat) pow 2, (fl oat)

i f(partials!=lastnunpartials)
{
dat ap=&dat a[ parti al i ndex*4096] ;
for(b=0; b<4096; b++)
dat ap[ b] =PI *PI / 3. Of ;

si gn=-1. Of ;
for(a=0; a<partial s; a++)
{

parti al =a+1;

m=cos((fl oat)a*HALFPI/ (fl oat)partial s);
/1 gi bbs

nmt=m //gibbs

m =(float)(partial *partial);

nt=4. 0f *si gn;

for (b=0; b<4096; b++)

dat ap[ b] +=n*si net abl e[ ((b*partial ) +1024) %096]; //note, parabola uses cos
si gn=-si gn;
}
| astnunpartial s=partial s;
a=int(2.0f*TUNI NG (fl oat) powm 2, (float) (n-
69)/12.0f)); //2f
for (b=reversei ndex; b<=a; b++)
reverse[ b] =parti al i ndex;
rever sei ndex=a+1
parti al i ndex++;

}

for (b=reversei ndex; b<32768; b++)
reverse[ b] =parti al i ndex- 1;
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ar << (int) partialindex; //nunber of waveforns
ar << (int) 4096; //waveformsize (in sanples)

max=0. 0;
for (b=0; b<4096; b++)
{
i f(fabs(*(data+b))>max) //normalise to richest waveform (0)
max=(fl oat) f abs(*(dat a+b));
}
max* =0. 5;
for(b=0; b<4096*parti al i ndex; b++)
{
*(dat a+b) / =max;
*(dat atb)-=1. 0f ;
}

/lar. Wite(data, 4096*parti al i ndex*si zeof (fl oat));
/lar.Wite(reverse, 32768*si zeof (int));

delete [] data;
delete [] reverse;

}

/1 end parabol a

(EEEEEEEEE i i r i rr bbb rrrirrrrrr
/1 An exanple of playback of a sawm ooth wave

/1 This is not optimsed for easy reading

/1 When optimsing you'll need to get this in assenbly (especially those
/1l float to int conversions)

LEEEEEEErr bbb bbb irrirrry

#defi ne WAVETABLE_SI ZE (1 << 12)
#defi ne WAVETABLE_SI ZEF WAVETABLE_SI ZE. 0f
#def i ne WAVETABLE_MASK (WAVETABLE_SI ZE - 1)

fl oat i ndex;

float rate;

i nt wavet abl ei ndex;

fl oat ratetofloatfactor;
fl oat* wavet abl e;

voi d setupnote(int nmidinote /*0 - 127*/)

{
float f=TUNI NG*(fl oat)pow(2,(float) (m dinote-69)/12.0f));
r at e=f *WAVETABLE_SI ZEF/ SPEED
rat et of | oat f act or =2. Of * SPEED/ WAVETABLE_SI ZEF;
i ndex=0. Of ;
wavet abl ei ndex=reverse[ (int)(2.0f*f)];
wavet abl e=&sawt oot hdat a[ wavet abl ei ndex* WAVETABLE_SI ZE] ;
}
voi d generatesanpl e(float* buffer,int |ength)
{

int currentsanpl e,
i nt nextsanpl g;
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float m

float tenprate;

whi | e(1 engt h--)

{
current sanpl e=(int) index;
next sanmpl e=(current sanpl e+l) & WAVETABLE_ NASK;
nmi ndex- (float) currentsanple; //fractional part
*puf f er ++=( 1. Of - m) *wavet abl e[ current sanpl e] +mrwavet abl e[ next sanpl €] ;

/11inear interpolation

rate*=slide; //slide coeffecient if required
tenprate=rate*fm //frequency nodulation if required
i ndex+=t enpr at €;
i f (i ndex>WAVETABLE_SI ZEF)

{
/I new cycle, respecify wavetable for sliding
wavet abl ei ndex=reverse[ (int)(ratetofl oatfactor*tenprate)];
wavet abl e=&sawt oot hdat a[ wavet abl ei ndex* WAVETABLE_SI ZE] ;
i ndex- =WAVETABLE_SI ZEF;
}
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Bandlimited waveform generation with hard sync

References : Posted by Emanuel Landeholm
Linked file : http://www.algonet.se/~e-san/hardsync.tar.gz
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Bandlimited waveforms synopsis.

References: Joe Wright
Linked file : waveforms.txt (thislinked file is included below)

Notes:
(seelinkfile)

Linked files

From "Joe Wight" <joe@yrsound. conpr
To: <nusi c-dsp@hoko. cal arts. edu>
Subj ect: Re: waveform di scussi ons
Date: Tue, 19 Cct 1999 14:45:56 +0100

After help fromthis group and reading various literature | have finished ny
wavef orm engine. As requested, | amnow going to share sone of the things
are have learnt froma practical viewoint.

Pr obl em
The waveforns of interest are sawtooth, square and triangl e.

The waveforns nust be bandlimted (i.e. fitting under Nyquist). This
precl udes sinple generation of the waveforns. For exanple, the
anal ogue/ conti nuous formular (which has infinite harnonics):

s(t) = (t*f0) nod 1 (t=time, fO=frequency of note)

procudues aliasing that cannot be filtered out when converted to the
digital/discrete form

s(n) = (f0*n*Ts) nod 1 (n=sanple, Ts equals 1l/sanpling rate)
The other condition of this problemis that the waveforns are generatable in

real-time. Additionally, bonuses are given for solutions which allow
pul se-wi dt h nodul ation and triangle asymetry.

The generation of these waves is non-triaval and below is discussed three
techni ques to solve the problem - wavetabl es, approxi nmati on through
processi ng of |sinewave| and BLIT integration. BLIT integration is

di scussed i n depth.

Wavet abl es:

You can generate a wavetable for the waveform by summ ng sine waves up to
t he Nyqui st frequency. For exanple, the saw ooth waveform can be generated
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by:
s(n) = Sunfk=1,n] (1/k *sin(2PI*f0*k*Ts)) where f0*n < Ts/2

The wavet abl e can then be played back, pitched up or down subject that
pitched f*n < Ts/2. Anything lower will not alias but it may | ack sone
hi gher harnonics if pitched too | ow.

To cover these situations, use nultiple wavetabl es describing different
frequency ranges within which it is fine to pitch up or down.

You may need to conprom se between nunber of wavetabl es and accuracy because
of menory considerations (especially if over-sanpling). This means sone
wavet ables will have to cover |arger ranges than they should. As |long as
the range is too far in the lower direction rather than higher, you will not
alias (you will just mss sone higher harnonics).

Wth wavet abl es you can add a sawtooth to an inverted sawtooth offset in
time, to produce a pul se/square wave. Vary the offset to vary the pulse
width. Asymmetry of triangle waves is not possible (as far as | know)

t hough.

Appr oxi mation through processing of |sinewave|

This nmethod is discussed in detail in 'Mdeling Anal og Synthesis with
DSPs' - Conputer Misic Journal, 21:4 pp.23 - 41, Wnter 1997, Lane, Hoory,
Marinez and Wang.

The basic idea starts with the generation of a sawtooth by feeding
abs(sin(n)) into a | owpass followed by a highpass filter. This approximtes
(quite well supposedly) a bandlimted sawtooth. Unfortunately, details of
what the cutoff for the | owpass should be were not precise in the paper
(al t hough the highpass cutoff was given).

Square wave and triangle wave approxi mation was inplenented by subtracting
abs(sin(n)) and abs(sin(n/2)). Wth different gains, pulse width (and I
presune asymetry) were possi bl e.

For nore information, consult the paper.

BLIT intergration

This topic refers to the paper '"Alias-Free Digital Synthesis of O assic
Anal og Waveforns' by Tim Stilson and Julius Smth of CCRVA. The paper can
be found at http://ww-ccrma. stanford. edu/ ~stilti/papers

BLIT stands for bandlimted inpluse train. 1I'mnot going to go into the
theory, you'll have to read the paper for that. However, sinply put, a
pul se train of the form 10000100001000 etc... is not bandlimted.
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The forrmular for a BLIT is as foll ows:
BLIT(x) = (mp) * (sin(Pl*x*m p)/(msin(Pl*x/p))

x=sanpl e nunber ranging from1l to period

p=period in sanples (fs/f0). Although this should theorectically not be an
interger, | found pratically speaking it needs to be.

m=2*((int)p/2)+1 (i.e. when p=odd, mFp ot herw se n¥p+1)

[note] in the paper they describe mas the | argest odd interger not
exceedi ng the period when in fact their formular for m(which is the one
that works in practive) makes it (int)p or (int)p +1

As an extension, we also have a bipolar version:

BP-BLIT k (x)=BLIT(x) - BLIT(x+k) (where k is in the range [0, period])

Now for the clever bit. Lets start with the square/rectangle wave. Through
intergration we get:

Rect(n) = Sum(i=0,n) (BP-BLIT kO (i) - C4)

C4 is a DC offset which for the BP-BLIT is zero. This gives a nice
iteration for rect(n):

Rect(n) = Rect(n-1) + BP-BLIT kO (n) where kO is the pulse wi dth between
[O,period] or in practive [1, period-1]
A triangle wave is given by:

Tri(n)

Sun(i=0,n) (Rect(k) - C6)

Tri(n) = Tri(n-1) + Rect(n) - C6

C6 = kO/ peri od

The triangle nust al so be scal ed:

Tri(b) = Tri(n-1) + g(f,d)*(Rect(n) - C6)

where g(f,d) = 0.99 / (period* d * (d-1)) d=kO0/ peri od

Theorietcally it could be 1.00 / ... but I found nunerical error sonetimes
pushed it over the edge. The paper actually states 2.00/... but for sone
reason | find this to be incorrect.

Lets | ook at sonme rough and ready code. | find the best thing to do is to
generate one period at a tinme and then reset everything. The nunerical
errors over one period are negligable (based on 32bit float) but if you keep
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on going wthout resetting, the errors start to creep in.

fl oat period = sanplingrate/frequency;

float me2*(int) (period/?2)+1.0f;

float k=(int)(kO*period);

float g=0.99f/(periodg*(k/period)*(1l-k/period));
float t;

float bpblit;

fl oat square=0. Of;

float triangl e=0.0f;

for(t=1;t<=period;t++)

{
bpblit=sin(Pl*(t+1)*m period)/(ntsin(Pl*(t+1)/period));
bpblit-=sin(Pl*(t+k)*nm period)/(msin(Pl*(t+k)/period));
squar e+=bpblit;
tri angl e+=g*(squar e+k/ peri od);

}

squar e=0;

tri angl e=0;
Hi ghly un-optim sed code but you get the point. At each sanple(t) the
out put values are square and triangle respectively.
Sawt oot h:
This is given by:

Saw( n)
Saw( n)

Now, C2 is a bit tricky. |Its the average of BLIT for that period (i.e. 1/n
* Sum (k=0,n) (BLIT(k)). [Note] Blit(0) = O.

Sun( k=0, n) (BLIT(k) - C2) [ as opposed to BP-BLIT]
Sawm(n-1) + BLIT(n) -

I found the best way to deal with this is to have a | ookup table which you
have generated and saved to disk as a file which contains a value of C2 for
every period you are interested in. This is because | know of no easy way
to generate C2 in real -tine.

Last thing. M inplenentation of BLIT gives negative values. Therefore ny
sawt ooth is +C2 rather than -C2.

I hope this hel ps, any questions don't hestitate to contact ne.

Joe Wight - Nyr Sound Ltd
http://ww. nyrsound. com
i nfo@yrsound. com
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Bandlimited waveforms...

References : Posted by Paul Kellet

Notes:

(Quoted from Paul's mail)

Below is another waveform generation method based on atrain of sinc functions (actually an
alternating loop along a sinc between t=0 and t=period/2).

The code integrates the pulse train with a dc offset to get a sawtooth, but other shapes can be
made in the usual ways... Note that ‘dc' and 'leak’ may need to be adjusted for very high or low
frequencies.

| don't know how original it is (I ought to read more) but it is of usable quality, particularly at
low frequencies. There's some scope for optimisation by using atable for sinc, or maybe aa
truncated/windowed sinc?

| think it should be possible to minimise the aliasing by fine tuning 'dp’ to slightly lessthan 1 so
the sincsjoin together neatly, but | haven't found the best way to do it. Any comments
gratefully received.

Code:

fl oat p=0. Of; [/ current position

fl oat dp=1.0f; /I change in postion per sanple
fl oat pmax; /I maxi mum posi tion

float x; [/ position in sinc function
float |eak=0.995f; //|eaky integrator

fl oat dc; /1 dc of fset

fl oat saw / 1 out put

[/ set frequency...

pmax = 0.5f * get SanpleRate() / freqHz;
dc = -0.498f/ pmax;

[/ for each sanple...

p += dp;
if(p < 0.0f)
{

p = -p;

dp = -dp;
}

else if(p > pmax)

{
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p = pnmax + pmax - p;
dp = -dp;

}

X= pi * p;

i f(x < 0.00001f)
x=0. 00001f; //don't divide by O

saw = | eak*saw + dc + (float)sin(x)/(x);
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Base-2 exp

References : Posted by Laurent de Soras

Notes:

Linear approx. between 2 integer values of val. Uses 32-hit integers. Not very efficient but

fastest than exp()

This code was designed for x86 (little endian), but could be adapted for big endian processors.
Laurent thinks you just have to change the (* (1 + (int *) &ret)) expressions and replace it by

(*(int *) &ret). However, He didn't test it.

Code:
i nline double fast_exp2 (const double val)
{

i nt e;

doubl e ret;

if (val >= 0)
{
e = int (val);
ret =val - (e - 1);
((*(1 + (int *) &et)) & ~(2047 << 20)) += (e + 1023) << 20;
}
el se
{

e =int (val + 1023);

ret = val - (e - 1024);

((*(1 + (int *) &ret)) &= ~(2047 << 20)) += e << 20;
}

return (ret);
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References : Posted by Tom St Denis
Linked file : biquad.c (thislinked fileisincluded below)

Notes:
Implementation of the RBJ cookbook, in C.

Linked files

/* Sinple inplenmentation of Biquad filters -- Tom St Denis

*

* Based on the work

Cookbook forrmul ae for audio EQ biquad filter coefficients

by Robert Bristow Johnson, pbjrbj @iconet.com a.k.a. robert@udi oheads.com

* Avail abl e on the web at

http://ww. smartel ectroni x. com nusi cdsp/text/filters005.txt
* Enj oy.
*

* This work is hereby placed in the public domain for all purposes,

whet her

* comrercial, free [as in speech] or educational, etc. Use the code and pl ease

* give me credit if you wish

*

* Tom St Denis -- http://tonmstdenis. hone. dhs. org
*/

/* this would be biquad. h */
#i ncl ude &l t; mat h. h&gt ;
#include & t;stdlib. h&gt;

#i f ndef M LN2

#define MLN2 0.69314718055994530942
#endi f

#i f ndef M PI

#define MPI 3.14159265358979323846
#endi f

/* whatever sanple type you want */
t ypedef doubl e snp_type;

/* this holds the data required to update sanples thru a filter */
t ypedef struct {
snp_type a0, al, a2, a3, a4;
snp_type x1, x2, yl, y2
}
bi quad,;
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extern snp_type Bi Quad(snp_type sanple, biquad * b);
extern biquad *Bi Quad_new(int type, snp_type dbGain, /* gain of filter */

snp_type freq, /* center frequency */
snp_type srate, /* sanpling rate */
snp_type bandw dt h); /* bandw dth in octaves */

[* filter types */
enum {
LPF, /* low pass filter */
HPF, /* Hi gh pass filter */
BPF, /* band pass filter */
NOTCH, /* Notch Filter */
PEQ /* Peaking band EQ filter */
LSH, /* Low shelf filter */
HSH /* High shelf filter */

H

/* Below this would be biquad.c */
/* Computes a BiQuad filter on a sanple */
snp_type Bi Quad(snp_type sanple, biquad * b)
{

snp_type result;

/* conpute result */
result = b-&gt;a0 * sanple + b-&gt;al * b-&gt;x1l + b-&gt;a2 * b-&gt;x2 -
b-&gt;a3 * b-&gt;yl - b-&gt;ad * b-&gt;y2;

/* shift x1 to x2, sanple to x1 */
b- &gt ; x2 b- &gt ; x1;
b- &gt ; x1 sanpl e;

[* shift yl to y2, result to yl */
b- &gt ; y2 b- &gt ; y1;
b-&gt;yl resul t;

return result;

}

/* sets up a BiQuad Filter */
bi quad *Bi Quad_new(int type, snp_type dbGain, snp_type freq,
snp_type srate, snp_type bandw dt h)
{
bi quad *b;
snp_type A, onega, sn, cs, alpha, beta;
snp_type a0, al, a2, b0, bl, b2

b = mall oc(si zeof (bi quad));
if (b == NULL)
return NULL;
/* setup variables */
A = pow( 10, dbGain /40);
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onega = 2 * MPI * freq /srate;

sn = sin(onega);

cs = cos(onega);

al pha = sn * sinh(MLN2 /2 * bandwi dth * onmega /sn);
beta = sqrt(A + A ;

switch (type) {

case LPF:
bO = (1 - cs) /2
bl =1 - cs;
b2 = (1 - cs) /2
a0 = 1 + al pha;
al = -2 * cs;
a2 =1 - alpha;
br eak;
case HPF:
bO = (1 + cs) /2
bl = -(1 + cs);
b2 = (1 + cs) /2;
a0 = 1 + al pha;
al = -2 * cs;
a2 = 1 - alpha;
br eak;
case BPF:
bO = al pha;
bl = 0;
b2 = -al pha;
a0 = 1 + al pha;
al = -2 * cs;
a2 = 1 - al pha;
br eak;
case NOTCH
bo = 1;
bl = -2 * cs;
b2 = 1;
a0 = 1 + al pha;
al = -2 * cs;
a2 =1 - alpha;
br eak;
case PEQ
bO =1 + (alpha * A);
bl = -2 * cs;
b2 =1 - (alpha * A);
a0 =1 + (alpha /A);
al = -2 * cs;
a2 =1 - (alpha /A);
br eak;
case LSH
bO =A* ((A+1) - (A- 1) * cs + beta * sn);
b1 =2* A* (A- 1 - (A+ 1) * cs);
b2 =A* ((A+1) - (A- 1) * ¢cs - beta * sn);
a0 = (A+1) + (A- 1) * ¢cs + beta * sn;
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al = -2 * ((A -

a2 = (A +1)
br eak;

case HSH:
b0

A* ((A+1) + (A-

1)
(A
1)
cs
1)
cs

* 4

* 4

b1 =-2* A* ((A- 1) +
b2 = A* ((A+1) + (A -
a0 = (A+1) - (A-1) *
al =2 * ((A-1) - (A+
a2 = (A+1) - (A-1) *
br eak;
defaul t:
free(b);
return NULL;
}
/* preconpute the coefficients */
b- &t ;a0 = b0 /a0;
b-&gt;al = bl /a0;
b-&gt; a2 = b2 /a0;
b-&gt; a3 = al /a0;
b-&gt; a4 = a2 /a0;
/* zero initial sanples */
b- &gt ; x1 = b-&gt; x2 = 0;
b-&gt;yl = b-&gt;y2 = 0;
return b;

}
/* crc==3062280887,

1) + (A + 1) * cs);
+ (A- 1) * cs -

beta * sn;

cs + beta * sn);
1) * cs);

cs - beta * sn);
beta * sn;

CS);

beta * sn;

version==4, Sat Jul 7 00:03:23 2001

*/
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Bit quantization/reduction effect

Type: Bit-level noise-generating effect
References : Posted by Jon Watte

Notes:
This function, run on each sample, will emulate half the effect of running your signal through a

Speak-N-Spell or similar low-bit-depth circuitry.

The other half would come from downsampling with no aliasing control, i e replicating every N-
th sample N timesin the output signal.

Code:
short keep bits from16( short input, int keepBits ) {

return (input & (-1 << (16-keepBits)));
}
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Calculate notes (java)

Type: Javaclassfor calculating notes with different in params
References : Posted by larsby[AT]elak[ DOT]org
Linked file : Frequency.java (thislinked file is included below)

Notes:
Converts between string notes and frequencies and back. | vaguely remember writing bits of it, and | got it off the net
somwhere so dont ask me

- Larsby

Linked files

public class Frequency extends Nunber

{

private static final double PITCH OF A4 = 57D,
private static final double FACTOR = 12D/ Math. | og(2D);
private static final String NOTE SYMBOL[] = {

"c, "¢, "D, "D#", "E', "F', "F#", "G, "G&", "A",
1
public static float frequencyOr Ad = 440F;
private float frequency;

public static final double getPitch(float f)

{
return getPitch(f);
}
public static final double getPitch(double d)
{
return 57D + FACTOR * Math.log(d / (doubl e)frequencyt Ad);
}
public static final float getFrequency(double d)
{
return (float)(Math.exp((d - 57D) / FACTOR) * (doubl e)frequencydt Ad);
}
public static final String nakeNot eSynbol (doubl e d)
{
int i = (int)(d + 120.5D);
StringBuffer stringbuffer = new StringBuffer(NOTE_SYMBOL[i % 12]);
stringbuffer.append(lnteger.toString(i / 12 - 10));
return new String(stringbuffer);
}
public static float valueOr(String s)
throws |11 egal Argunent Excepti on
{
try
{
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return (new Float(s)).floatVal ue();

}
cat ch( Nurber For mat Exception _ex) { }
try
{
return get Frequency(parseNot eSynbol (s));
}
catch(IlIl1 egal Argurment Excepti on _ex)
{
throw new |11 egal Argunent Exception("Neither a floating point
valid note synbol.");
}
}
public static final int parseNoteSynbol (String s)
throws |11 egal Argurment Excepti on
{
s = s.trim).toUpperCase();
for(int i = NOTE_SYMBCL.length - 1; i >=0; i--)
{
if(!s.startsWth(NOTE_SYMBOL[i]))
conti nue;
try

{
returni + 12 *
I nt eger. parsel nt(s.substring(NOTE SYMBOL[i].length()).trim());

}
cat ch( Nunber For mat Exception _ex) { }
br eak;
}
throw new |11 egal Argunent Exception("not valid note synbol.");

}

public static void transfornPitch(Text Conponent textconponent,

{

bool ean flagl = fal se;
String s = textconponent. get Text();

nunber

bool ean fl ag)

if(flag)
{
try
{
t ext conponent . set Text (I nteger.toString((int)(getFrequency(parseNoteSynbol (s)) +
0.5F)));
return;
}
catch(IlIl1 egal Argunment Excepti on _ex)
{
flagl = true;
}
return;
}
try
{
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t ext component . set Text ( makeNot eSynbol (get Pi t ch( ( new
Float(s)).floatValue())));

return;
}
cat ch( Nunber For mat Excepti on _ex)
{
flagl = true;
}
}
public Frequency(float f)
{
frequency = 1.0F;
frequency = f;
}
public Frequency(String s)
throws |11 egal Argunment Excepti on
{
frequency = 1. 0F;
frequency = val ue (s);
}
public byte byteVal ue()
{
return (byte)(int)(frequency + 0.5F);
}
public short short Val ue()
{
return (short)(int)(frequency + 0.5F);
}
public | ong | ongVal ue()
{
return (long)(frequency + 0.5F);
}
public int intValue()
{
return (int)(frequency + 0.5F);
}
public float fl oatVal ue()
{
return frequency;
}
publ i ¢ doubl e doubl eVal ue()
{
return (doubl e)frequency;
}
public String toString()
{

return Integer.toString(intValue());
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}

public String toNoteSynbol ()

{
return makeNot eSynbol (get Pi tch(frequency));

}

public static void main(String[] args)

{
System out. printl n(Frequency. par seNot eSynbol ("C2"));
System out . printl n(Frequency. get Frequency(24));

}
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Class for waveguide/delay effects

Type: IR filter
References : Posted by arguru[AT]smartel ectronix.com

Notes:
Flexible-time, non-sample quantized delay , can be used for stuff like waveguide synthesis or
time-based (chorus/flanger) fx.

MAX_ WG DELAY isaconstant determining MAX buffer size (in samples)

Code:

cl ass cwavegui de

{

publ i c:

cwavegui de(){clear();}
virtual ~cwaveguide(){};

voi d clear ()

{

count er =0;

for(int s=0; s<MAX WG DELAY; s++)
buf f er[s] =0;

}

inline float feed(float const in,float const feedback, doubl e const del ay)
{

/1l calcul ate del ay offset

doubl e back=(doubl e) count er - del ay;

/1l clip | ookback buffer-bound
i f (back<0. 0)
back=MAX WG DELAY+back;

/'l conpute interpolation left-floor
i nt const indexO0=floor_int(back);

/1 conpute interpolation right-fl oor
i nt index_1=i ndex0-1;

i nt i ndex1=i ndex0+1;

i nt i ndex2=i ndex0+2

/[l clip interp. buffer-bound

i f(index_ 1<0)i ndex_1=MAX W DELAY-1;
i f(index1>=MAX_WG DELAY) i ndex1=0;

i f (i ndex2>=MAX_WG DELAY) i ndex2=0;

/'l get nei ghbourgh sanpl es
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Class for waveguide/delay effects

fl oat
fl oat
fl oat
fl oat

const
const
const
const

y_1= buffer [index_1];
yO = buffer [indexO];
yl = buffer [index1];
y2 = buffer [index2];

/1 conpute interpolation X
fl oat const x=(fl oat)back-(float)i ndexO;

[/ cal cul ate

fl oat
fl oat
fl oat
fl oat

fl oat

const
const
const
const

const

cO0 = y0;

cl = 0.5f*(yl-y_1);

c2 =y 1- 2.5f*y0 + 2.0f*yl - 0.5f*y2;
c3 = 0.5f*(y2-y_1) + 1.5f*(y0-yl);

out put =( (c3*x+c2) *x+cl) *x+cO;

/1l add to delay buffer
buf f er [ count er ] =i n+out put *f eedback;

/1 increment delay counter
count er ++;

/1l clip delay counter
i f (count er >=MAX_ WG DELAY)
count er =0,

/1l return output
return output;

}

fl oat buffer[ MAX W5 DELAY];

int counter;

¥
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Clipping without branching

Clipping without branching

Type: Min, max and clip
References : Posted by Laurent de Soras

Notes:

It may reduce accuracy for small numbers. I.e. if you clip to [-1; 1], fractional part of the result
will be quantized to 23 bits (or more, depending on the bit depth of the temporary results).
Thus, 1e-20 will be rounded to 0. The other (positive) side effect is the denormal number

elimination.
Code:
float max (float x, float a)
{
X -= a;
x += fabs (x);
X *= 0.5;
X += a;
return (x);
}
float mn (float x, float b)
{
X =b - x;
x += fabs (x)
X *= 0.5;
X =b - x;
return (x);
}
float clip (float x, float a, float b)
{
x1 = fabs (x-a);
x2 = fabs (x-b);
Xx = x1 + (atb);
X -= X2
X *= 0.5;

return (x);
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Coefficients for Daubechies wavelets 1-38

Coefficients for Daubechies wavelets 1-38

Type: wavelet transform
References: Computed by Kazuo Hatano, Compiled and verified by Olli Niemitalo
Linked file : daub.h (thislinked file isincluded below)

Linked files

b I S T R N R R S S S R N . S N N T S S N S S S S G T T T R R

Coefficients for Daubechi es wavel ets 1-38

2000. 08. 10 - Sone nore i nfo added.

Conput ed by Kazuo Hatano, Aichi Institute of Technol ogy.
ftp://phase.etl.go.jp/pub/phase/ wavel et/ i ndex. ht n

Conpi l ed and verified by Ali N emtalo.

Di screte Wavel et Transformati on (DW) breaks a signal down into
subbands distributed logarithimcally in frequency, each sanpled
at a rate that has a natural proportion to the frequencies in that
band. The traditional fourier transformati on has no tinme domain
resolution at all, or when done using nany short w ndows on a

| onger data, equal resolution at all frequencies. The distribution
of sanples in the tine and frequency donmain by DWW is of form

| og f
| XOOKXKXXXXXXXXX X = a sanpl e
[ X X X X X X X X f = frequency
| X X X X t =time
| X X
| X
________________ t
Si ngl e
subband deconposition and reconstruction:
-> high -> decimate ------------- > dilute -> high
| pass by 2 hi gh subband by 2 pass \
in | + out
| /[ =in
->|low -> decimate ------------- > dilute -> | ow
pass by 2 | ow subband by 2 pass

This creates two subbands fromthe input signal, both sanpled at half
the original frequency. The filters approxi mate hal fband FIR filters
and are determ ned by the choice of wavel et. Using Daubechi es wavel ets
(and nost others), the data can be reconstructed to the exact original
even when the halfband filters are not perfect. Note that the anount
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Coefficients for Daubechies wavelets 1-38

b I R T N N T R T B S SR T N N N . N S N S N . S R S T I T R S N I T N S R N R

of information (sanples) stays the sane throughout the operation.

Deci mati on by 2: ABCDEFGH JKLMNOPQR - > ACEG KMOQ
Dilution by 2: ACEG KMOQ -> A0COEO®)I OKOMDOOQOD

To get the logarithmc resolution in frequency, the | ow subband is
re-transforned, and again, the | ow subband fromthis transformation
gets the sane treatnent etc.

Deconposi ti on:

-> high -> decimate --------------------oo - > subbandO
| pass by 2
in | -> high -> decimate --------------- > subbandl
| | pass by 2
-> low -> decim | -> high -> deci m-> subband2
pass by 2 | pass by 2

I
-> | ow -> decim |
I

pass by 2 down to what suffices
-> . or if periodic data,
until short of data
Reconstructi on:
subband0 ------------“--------- - > dilute -> high
by 2 pass \
subbandl ------------------ > dilute -> high + out
by 2 pass \ /[ =in
subband2 -> dilute -> high + dilute -> | ow
by 2 pass \ [ by 2 pass
+ dilute -> | ow
Start . /I by 2 pass
her e! . ->dilute -> | ow
by 2 pass

In a real-tinme application, the filters introduce del ays, so you need
to conpensate them by addi ng additional delays to | ess-del ayed hi gher
bands, to get the summati on work as intended.

For periodic signals or windowed operation, this problem doesn't exist -
a single subband transformation is a matrix nultiplication, wth wapping
I npl enented in the matri x:

Deconposi ti on:

| LO| |CO C1 C2 (C3 | [10] L = | owpass out put
| HO| |CG3 -C2 C1 -Q0 | |11] H = hi ghpass out put
| L1] | cO C1 2 3 | |12] | = input

| HL| = | 33 -2 -0 | |13 C = coefficients

| L2] | CO CL C2 C3] |14
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Coefficients for Daubechies wavelets 1-38

| H2| | G -C2 C1-Co] |I5]

| L3| |C2 C3 c C1] |16]

| H3| |ClL -Q0 C3 -C2| |17] Daubechi es 4- coef:
1+sqrt (3) 3+sqrt(3) 3-sqrt(3) 1-sqrt(3)

QO = --------- Cl = --------- C = - - C3 = -
4 sqrt(2) 4 sqrt(2) 4 sqrt(2) 4 sqrt(2)

Reconstructi on:

|10] |0 C3 c2 Cl| |LO|
11 |Cl -Q2 C3 -C0| | HO|
[12] |G C1 0 C3 | | L1|
|13 =|C3 -0 ClL-C2 | | HL|
114] | 2 Cl O C3 | | L2
115 | C3-C0 ClL-Q2 | | H2|
116] | C2 CL o C3| |L3|
117] | C3 -C0 Cl -C2| |H3

This file contains the |lowass FIR filter coefficients. Hi ghpass
coefficients you get by reversing tap order and multiplying by
sequence 1,-1, 1,-1, ... Because these are orthogonal wavel ets, the
anal ysis and reconstruction coefficients are the sane.

A coefficient set convolved by its reverse is an ideal halfband | owass
filter multiplied by a symmetric wi ndowi ng function. This creates the
kind of syc”metry in the frequency domain that enables aliasing-free
reconstruction. Daubechies wavel ets are the m ni nrum phase, m ni num
nunber of taps solutions for a nunber of vani shing nonents (seven in
Daub7 etc), which determnes their frequency selectivity.

/

Lo T T S R S R S S N SN . N B T . S N N TR N S N .

const doubl e Daubl[2] = {
7.071067811865475244008443621048490392848359376884740365883398e- 01,
7.071067811865475244008443621048490392848359376884740365883398e- 01} ;

const doubl e Daub2[4] = {
4.829629131445341433748715998644486838169524195042022752011715e- 01,
8.365163037378079055752937809168732034593703883484392934953414e- 01,
2.241438680420133810259727622404003554678835181842717613871683e- 01,
-1.294095225512603811744494188120241641745344506599652569070016e- 01} ;

const doubl e Daub3[6] = {
3. 326705529500826159985115891390056300129233992450683597084705e- 01,
8. 068915093110925764944936040887134905192973949948236181650920e- 01,
4.598775021184915700951519421476167208081101774314923066433867e- 01,
-1.350110200102545886963899066993744805622198452237811919756862e- 01,
-8.544127388202666169281916918177331153619763898808662976351748e- 02,
3.522629188570953660274066471551002932775838791743161039893406e- 02} ;
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Coefficients for Daubechies wavelets 1-38

const doubl e Daub4[ 8] = {
2.303778133088965008632911830440708500016152482483092977910968e- 01,
7.148465705529156470899219552739926037076084010993081758450110e- 01,
6. 308807679298589078817163383006152202032229226771951174057473e- 01,
2.798376941685985421141374718007538541198732022449175284003358e- 02,
1.870348117190930840795706727890814195845441743745800912057770e- 01,
3.084138183556076362721936253495905017031482172003403341821219e-02,
3.288301166688519973540751354924438866454194113754971259727278e- 02,
1.059740178506903210488320852402722918109996490637641983484974e- 02} ;

const doubl e Daub5[ 10] = {
1.601023979741929144807237480204207336505441246250578327725699e- 01,
6. 038292697971896705401193065250621075074221631016986987969283e- 01,
7.243085284377729277280712441022186407687562182320073725767335e- 01,
1.384281459013207315053971463390246973141057911739561022694652e- 01,
2.422948870663820318625713794746163619914908080626185983913726e- 01,
3.224486958463837464847975506213492831356498416379847225434268e- 02,
7.757149384004571352313048938860181980623099452012527983210146e- 02,
6.241490212798274274190519112920192970763557165687607323417435e- 03,
1. 258075199908199946850973993177579294920459162609785020169232e- 02,
3.335725285473771277998183415817355747636524742305315099706428e- 03} ;

const doubl e Daub6[ 12] = {
1.115407433501094636213239172409234390425395919844216759082360e- 01,
4.946238903984530856772041768778555886377863828962743623531834e- 01,
7.511339080210953506789344984397316855802547833382612009730420e- 01,
3.152503517091976290859896548109263966495199235172945244404163e- 01,
-2.262646939654398200763145006609034656705401539728969940143487e- 01,
-1.297668675672619355622896058765854608452337492235814701599310e- 01,
9. 750160558732304910234355253812534233983074749525514279893193e- 02,
2.752286553030572862554083950419321365738758783043454321494202e- 02,
- 3.158203931748602956507908069984866905747953237314842337511464e- 02,
5.538422011614961392519183980465012206110262773864964295476524e- 04,
4.777257510945510639635975246820707050230501216581434297593254e- 03,
-1.077301085308479564852621609587200035235233609334419689818580e- 03} ;

const doubl e Daub7[ 14] = {

. 785205408500917901996352195789374837918305292795568438702937e- 02,
. 965393194819173065390003909368428563587151149333287401110499e- 01,
.291320908462351199169430703392820517179660611901363782697715e- 01,
. 697822874051931224715911609744517386817913056787359532392529e- 01,
. 439060039285649754050683622130460017952735705499084834401753e- 01,
. 240361849938749826381404202332509644757830896773246552665095e- 01,
.130921926683026475087657050112904822711327451412314659575113e- 02,
.061260915108307191292248035938190585823820965629489058139218e- 02,
. 802993693501441357959206160185803585446196938467869898283122e- 02,
. 657454163066688065410767489170265479204504394820713705239272e- 02,
. 255099855609984061298988603418777957289474046048710038411818e- 02,
. 295779729213665211321291228197322228235350396942409742946366e- 04,
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Coefficients for Daubechies wavelets 1-38

-1.801640704047490915268262912739550962585651469641090625323864¢e- 03,
3.537137999745202484462958363064254310959060059520040012524275e- 04} ;

const doubl e Daub8[ 16] = {
5.441584224310400995500940520299935503599554294733050397729280e- 02,
3.128715909142999706591623755057177219497319740370229185698712e- 01,
6. 756307362972898068078007670471831499869115906336364227766759e- 01,
. 853546836542067127712655200450981944303266678053369055707175e- 01,
. 582910525634930566738054787646630415774471154502826559735335e- 02,
. 840155429615469265162031323741647324684350124871451793599204e- 01,
. 724845739132827703605900098258949861948011288770074644084096e- 04,
. 287474266204784588570292875097083843022601575556488795577000e- 01,
. 736930100180754616961614886809598311413086529488394316977315e-02,
. 408825393079475150676372323896350189751839190110996472750391e- 02,
. 398102791739828164872293057263345144239559532934347169146368e- 02,
. 746094047405776716382743246475640180402147081140676742686747e- 03,
-4.870352993451574310422181557109824016634978512157003764736208e- 03,
-3.917403733769470462980803573237762675229350073890493724492694e- 04,
. 754494064505693663695475738792991218489630013558432103617077e- 04,
-1.174767841247695337306282316988909444086693950311503927620013e- 04} ;

1 | I |
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const doubl e Daub9[ 18] = {

. 807794736387834658869765887955118448771714496278417476647192e- 02,
. 438346746125903537320415816492844155263611085609231361429088e- 01,
. 048231236901111119030768674342361708959562711896117565333713e-01,
. 572880780513005380782126390451732140305858669245918854436034e- 01,
. 331973858250075761909549458997955536921780768433661136154346e- 01,
. 932737832791749088064031952421987310438961628589906825725112e-01,
. 684078322297646051350813353769660224825458104599099679471267e- 02,
. 485407493381063801350727175060423024791258577280603060771649e- 01,
. 072568147933337921231740072037882714105805024670744781503060e- 02,
. 763282906132997367564227482971901592578790871353739900748331e- 02,
.509471148314519575871897499885543315176271993709633321834164e- 04,
. 236166212367909720537378270269095241855646688308853754721816e- 02,
. 723204757751397277925707848242465405729514912627938018758526e- 03,
. 281503682463429834496795002314531876481181811463288374860455e- 03,
. 847646883056226476619129491125677051121081359600318160732515e- 03,
. 303857635231959672052163928245421692940662052463711972260006e- 04,
.519631889427101369749886842878606607282181543478028214134265e- 04,
.934732031627159948068988306589150707782477055517013507359938e- 05} ;

1
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const doubl e Daubl0[20] = {
2.667005790055555358661744877130858277192498290851289932779975e- 02,
. 881768000776914890208929736790939942702546758640393484348595e- 01,
.272011889317255864817448279595081924981402680840223445318549e- 01,
. 884590394536035657418717825492358539771364042407339537279681e- 01,
. 811723436605774607487269984455892876243888859026150413831543e-01,
. 498464243273153794161018979207791000564669737132073715013121e-01,
. 959462743773770435042992543190981318766776476382778474396781e- 01,

R NDNO O
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Coefficients for Daubechies wavelets 1-38

. 273693403357932600826772332014009770786177480422245995563097e- 01,
. 305736460357235116035228983545273226942917998946925868063974e- 02,
. 139414716639708714533609307605064767292611983702150917523756e- 02,
. 945753682187581285828323760141839199388200516064948779769654e- 02,
. 321267405934100173976365318215912897978337413267096043323351e- 02,
. 606553566956169655423291417133403299517350518618994762730612e- 03,
. 073317548333057504431811410651364448111548781143923213370333e- 02,
. 395351747052901165789318447957707567660542855688552426721117e- 03,
. 992405295185056117158742242640643211762555365514105280067936e- 03,
. 858566949597116265613709819265714196625043336786920516211903e- 04,
. 164668551292854509514809710258991891527461854347597362819235e- 04,
. 358867032006959133405013034222854399688456215297276443521873e- 05,
. 326420289452124481243667531226683305749240960605829756400674e- 05} ;

1
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const doubl e Daubll[22] = {
1.869429776147108402543572939561975728967774455921958543286692e- 02,
1.440670211506245127951915849361001143023718967556239604318852¢e- 01,
4.498997643560453347688940373853603677806895378648933474599655e- 01,
6. 856867749162005111209386316963097935940204964567703495051589e- 01,
4.119643689479074629259396485710667307430400410187845315697242e- 01,
-1.622752450274903622405827269985511540744264324212130209649667e- 01,
-2.742308468179469612021009452835266628648089521775178221905778e- 01,
6. 604358819668319190061457888126302656753142168940791541113457e- 02,
1.498120124663784964066562617044193298588272420267484653796909e- 01,
-4.647995511668418727161722589023744577223260966848260747450320e- 02,
- 6. 643878569502520527899215536971203191819566896079739622858574e- 02,
3.133509021904607603094798408303144536358105680880031964936445e- 02,
2. 084090436018106302294811255656491015157761832734715691126692e- 02,
-1.536482090620159942619811609958822744014326495773000120205848e- 02,
- 3.340858873014445606090808617982406101930658359499190845656731e- 03,
4.928417656059041123170739741708273690285547729915802418397458e- 03,
- 3. 085928588151431651754590726278953307180216605078488581921562e- 04,
- 8. 930232506662646133900824622648653989879519878620728793133358e- 04,
2.491525235528234988712216872666801088221199302855425381971392e- 04,
5.443907469936847167357856879576832191936678525600793978043688e- 05,
-3.463498418698499554128085159974043214506488048233458035943601e- 05,
4.494274277236510095415648282310130916410497987383753460571741e- 06} ;

const doubl e Daubl2[24] = {
1.311225795722951750674609088893328065665510641931325007748280e- 02,
. 095662728211851546057045050248905426075680503066774046383657e- 01,
. 773551352142126570928212604879206149010941706057526334705839e- 01,
.571987225793070893027611286641169834250203289988412141394281e-01,
. 158864784278156087560326480543032700677693087036090056127647e- 01,
. 476388565377462666762747311540166529284543631505924139071704e- 02,
.161784537527855368648029353478031098508839032547364389574203e- 01,
. 377925725606972768399754609133225784553366558331741152482612e- 02,
. 824786059275796798540436116189241710294771448096302698329011e- 01,
. 359569674352150328276276729768332288862665184192705821636342e- 03,
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Coefficients for Daubechies wavelets 1-38

. 643212009650708202650320534322484127430880143045220514346402e- 02,
. 084913025582218438089010237748152188661630567603334659322512e- 02,
. 154627749508444073927094681906574864513532221388374861287078e- 02,
. 221864906974828071998798266471567712982466093116558175344811e- 02,
. 284082519830068329466034471894728496206109832314097633275225e- 02,
. 711499008795509177767027068215672450648112185856456740379455e- 03,
. 248607240995237599950865211267234018343199786146177099262010e- 03,
. 179503618627760471598903379584171187840075291860571264980942e- 03,
. 545128212509595566500430399327110729111770568897356630714552e- 06,
. 886530628209314435897288837795981791917488573420177523436096e- 04,
. 850410920820432420821645961553726598738322151471932808015443e- 05,
. 424154575703078402978915320531719580423778362664282239377532e- 05,
. 277695221937976658714046362616620887375960941439428756055353e- 05,
.529071758068510902712239164522901223197615439660340672602696e- 06} ;

1
P RPNOWOMNNOREI™MELO

const doubl e Daubl3[26] = {
9.202133538962367972970163475644184667534171916416562386009703e- 03,
8.286124387290277964432027131230466405208113332890135072514277e- 02,
3.119963221604380633960784112214049693946683528967180317160390e- 01,
6.110558511587876528211995136744180562073612676018239438526582e- 01,
5.888895704312189080710395347395333927665986382812836042235573e- 01,
8.698572617964723731023739838087494399231884076619701250882016e- 02,
-3.149729077113886329981698255932282582876888450678789025950306e- 01,
-1.245767307508152589413808336021260180792739295173634719572069e- 01,
1.794760794293398432348450072339369013581966256244133393042881e- 01,
7.294893365677716380902830610477661983325929026879873553627963e- 02,
-1.058076181879343264509667304196464849478860754801236658232360e- 01,
-2.648840647534369463963912248034785726419604844297697016264224e-02,
5.613947710028342886214501998387331119988378792543100244737056e- 02,
2.379972254059078811465170958554208358094394612051934868475139%e- 03,
-2.383142071032364903206403067757739134252922717636226274077298e- 02,
3.923941448797416243316370220815526558824746623451404043918407e- 03,
7.255589401617566194518393300502698898973529679646683695269828e- 03,
-2.761911234656862178014576266098445995350093330501818024966316e- 03,
-1.315673911892298936613835370593643376060412592653652307238124e- 03,
9. 323261308672633862226517802548514100918088299801952307991569e- 04,
4.925152512628946192140957387866596210103778299388823500840094e- 05,
-1.651289885565054894616687709238000755898548214659776703347801e- 04,
3.067853757932549346649483228575476236600428217237900563128230e- 05,
1.044193057140813708170714991080596951670706436217328169641474e- 05,
-4.700416479360868325650195165061771321650383582970958556568059¢e- 06,
5.220035098454864691736424354843176976747052155243557001531901e- 07} ;
const doubl e Daubl4[ 28] = {
6.461153460087947818166397448622814272327159419201199218101404e- 03,
6. 236475884939889832798566758434877428305333693407667164602518e- 02,
2.548502677926213536659077886778286686187042416367137443780084e- 01,
5.543056179408938359926831449851154844078269830951634609683997e- 01,
6.311878491048567795576617135358172348623952456570017289788809e- 01,
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2.186706877589065214917475918217517051765774321270432059030273e- 01,
-2.716885522787480414142192476181171094604882465683330814311896e- 01,
-2.180335299932760447555558812702311911975240669470604752747127e- 01,

1. 383952138648065910739939690021573713989900463229686119059119e- 01,

1. 399890165844607012492943162271163440328221555614326181333683e- 01,
-8.674841156816968904560822066727795382979149539517503657492964e- 02,
- 7.154895550404613073584145115173807990958069673129538099990913e- 02,

5.523712625921604411618834060533403397913833632511672157671107e- 02,

2.698140830791291697399031403215193343375766595807274233284349e- 02,
- 3. 018535154039063518714822623489137573781575406658652624883756e- 02,
-5.615049530356959133218371367691498637457297203925810387698680e- 03,

1.278949326633340896157330705784079299374903861572058313481534e- 02,
-7.462189892683849371817160739181780971958187988813302900435487e- 04,
- 3. 849638868022187445786349316095551774096818508285700493058915e- 03,

1. 061691085606761843032566749388411173033941582147830863893939e- 03,

7.080211542355278586442977697617128983471863464181595371670094e- 04,
- 3. 868319473129544821076663398057314427328902107842165379901468e- 04,
-4.177724577037259735267979539839258928389726590132730131054323e- 05,

6. 875504252697509603873437021628031601890370687651875279882727e- 05,
-1.033720918457077394661407342594814586269272509490744850691443e- 05,
-4.389704901781394115254042561367169829323085360800825718151049e- 06,

1. 724994675367812769885712692741798523587894709867356576910717e- 06,
-1.787139968311359076334192938470839343882990309976959446994022e- 07} ;

const doubl e Daubl5[30] = {
4.538537361578898881459394910211696346663671243788786997916513e- 03,
4.674339489276627189170969334843575776579151700214943513113197e- 02,
2.060238639869957315398915009476307219306138505641930902702047e- 01,
4.926317717081396236067757074029946372617221565130932402160160e- 01,
6.458131403574243581764209120106917996432608287494046181071489e-01,
3. 390025354547315276912641143835773918756769491793554669336690e- 01,
-1.932041396091454287063990534321471746304090039142863827937754e- 01,
- 2. 888825965669656462484125009822332981311435630435342594971292e- 01,
6. 528295284877281692283107919869574882039174285596144125965101e- 02,
1.901467140071229823484893116586020517959501258174336696878156e- 01,
-3.966617655579094448384366751896200668381742820683736805449745e- 02,
-1.111209360372316933656710324674058608858623762165914120505657e- 01,
3.387714392350768620854817844433523770864744687411265369463195e- 02,
5. 478055058450761268913790312581879108609415997422768564244845e- 02,
-2.576700732843996258594525754269826392203641634825340138396836€e- 02,
-2.081005016969308167788483424677000162054657951364899040996166e- 02,
1.508391802783590236329274460170322736244892823305627716233968e- 02,
5.101000360407543169708860185565314724801066527344222055526631e- 03,
-6.487734560315744995181683149218690816955845639388826407928967e- 03,
-2.417564907616242811667225326300179605229946995814535223329411e- 04,
1.943323980382211541764912332541087441011424865579531401452302e- 03,
-3.734823541376169920098094213645414611387630968030256625740226e- 04,
- 3.595652443624688121649620075909808858194202454084090305627480e- 04,
1.558964899205997479471658241227108816255567059625495915228603e- 04,
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. 579269915531893680925862417616855912944042368767340709160119e- 05,
. 813329626604781364755324777078478665791443876293788904267255e- 05,
. 36298718173757980312484521042017747213484665586407/8187186304e- 06,
. 811270407940577083768510912285841160577085925337507850590290e- 06,
. 316882325881664421201597299517657654166137915121195510416641e- 07,
. 133359913305752029056299460289788601989190450885396512173845e- 08} ;

DO, WNDN

const doubl e Daubl6[32] = {

. 189220925347738029769547564645958687067086750131428767875878e- 03,
3.490771432367334641030147224023020009218241430503984146140054e- 02,
1.650642834888531178991252730561134811584835002342723240213592e- 01,
4.303127228460038137403925424357684620633970478036986773924646e- 01,
6. 373563320837888986319852412996030536498595940814198125967751e- 01,
4.402902568863569000390869163571679288527803035135272578789884e- 01,
8
3
2
2

w

. 975108940248964285718718077442597430659247445582660149624718e- 02,
. 270633105279177046462905675689119641757228918228812428141723e- 01,
. 791820813302827668264519595026873204339971219174736041535479e- 02,
.111906939471042887209680163268837900928491426167679439251042e- 01,
2.734026375271604136485245757201617965429027819507130220231500e- 02,
- 1. 323883055638103904500474147756493375092287817706027978798549e- 01,
-6.239722752474871765674503394120025865444656311678760990761458e- 03,
7.592423604427631582148498743941422461530405946100943351940313e- 02,
-7.588974368857737638494890864636995796586975144990925400097160e- 03,
- 3.688839769173014233352666320894554314718748429706730831064068e- 02,
1. 029765964095596941165000580076616900528856265803662208854147e- 02,
1. 399376885982873102950451873670329726409840291727868988490100e- 02,
-6.990014563413916670284249536517288338057856199646469078115759e- 03,
- 3.644279621498389932169000540933629387055333973353108668841215e- 03,
3.128023381206268831661202559854678767821471906193608117450360e- 03,
4.078969808497128362417470323406095782431952972310546715071397e- 04,
-9.410217493595675889266453953635875407754747216734480509250273e- 04,
1.142415200387223926440228099555662945839684344936472652877091e- 04,
1. 747872452253381803801758637660746874986024728615399897971953e- 04,
-6.103596621410935835162369150522212811957259981965919143961722e- 05,
-1.394566898820889345199078311998401982325273569198675335408707e- 05,
1. 133660866127625858758848762886536997519471068203753661757843e- 05,
-1.043571342311606501525454737262615404887478930635676471546032e- 06,
-7.363656785451205512099695719725563646585445545841663327433569e- 07,
2.308784086857545866405412732942006121306306735866655525372544e-07,
-2.109339630100743097000572623603489906836297584591605307745349e- 08} ;

const doubl e Daubl7[34] = {

2.241807001037312853535962677074436914062191880560370733250531e- 03,
. 598539370360604338914864591720788315473944524878241294399948e- 02,
. 312149033078244065775506231859069960144293609259978530067004e- 01,
. 703507241526411504492548190721886449477078876896803823650425e- 01,
.109966156846228181886678867679372082737093893358726291371783e- 01,
. 183157640569378393254538528085968046216817197718416402439904e- 01,
. 731497040329363500431250719147586480350469818964563003672942e- 02,

NOITO WEDN
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. 283207483639617360909665340725061767581597698151558024679130e- 01,
. 265997522158827028744679110933825505053966260104086162103728e- 01,
. 973105895650109927854047044781930142551422414135646917122284e- 01,
. 011354891774702721509699856433434802196622545499664876109437e- 01,
. 268156917782863110948571128662331680384792185915017065732137e- 01,
. 709141963167692728911239478651382324161160869845347053990144e- 02,
. 110598665416088507965885748555429201024364190954499194020678e- 02,
.231233617810379595339136059534813756232242114093689244020869e- 02,
.692243838926973733300897059211400507138768125498030602878439e- 02,
. 270955535819293781655360222177494452069525958061609392809275e- 03,
. 273367658394627031845616244788448969906713741338339498024864e- 02,
. 042989981354637068592482637907206078633395457225096588287881e- 03,
.602921520322854831713706413243659917926736284271730611920986e- 03,
. 967996691526094872806485060008038269959463846548378995044195e- 03,
. 301205242153545624302059869038423604241976680189447476064764e- 03,
. 436845304802976126222890402980384903503674530729935809561434e- 03,
. 281325194098379713954444017520115075812402442728749700195651e- 04,
. 394654277686436778385677527317841632289249319738892179465910e- 04,
. 561010956654845882729891210949920221664082061531909655178413e- 05,
. 204803202453391839095482576282189866136273049636764338689593e- 05,
. 318681379874595084482068205706277572106695174091895338530734e- 05,
. 990600985076751273204549700855378627762758585902057964027481e- 06,
. 505942477222988194102268206378312129713572600716499944918416e- 06,
. 016549609994557415605207594879939763476168705217646897702706e- 07,
. 957700933316856754979905258816151367870345628924317307354639e- 07,
. 423948446002680178787071296922877068410310942222799622593133e- 08,
. 267492968561608110879767441409035034158581719789791088892046e- 09} ;

~NONWPARONONPDPWENNMNOWNWPEANOOORERPREREPW

const doubl e Daubl8[36] = {
1.576310218440760431540744929939777747670753710991660363684429e- 03,
1.928853172414637705921391715829052419954667025288497572236714e- 02,
1. 035884658224235962241910491937253596470696555220241672976224e- 01,
3.146789413370316990571998255652579931786706190489374509491307e- 01,
5.718268077666072234818589370900623419393673743130930561295324e- 01,
5.718016548886513352891119994065965025668047882818525060759395e- 01,
1.472231119699281415750977271081072312557864107355701387801677e- 01,
- 2.936540407365587442479030994981150723935710729035053239661752e- 01,
-2.164809340051429711237678625668271471437937235669492408388692e- 01,
1.495339755653777893509301738913667208804816691893765610261943e- 01,
1.670813127632574045149318139950134745324205646353988083152250e- 01,
-9.233188415084628060429372558659459731431848000144569612074508e- 02,
-1.067522466598284855932200581614984861385266404624112083917702e- 01,
6.488721621190544281947577955141911463129382116634147846137149e-02,
5.705124773853688412090768846499622260596226120431038524600676e- 02,
-4.452614190298232471556143559744653492971477891439833592755034e- 02,
-2.373321039586000103275209582665216110197519330713490233071565e- 02,
2.667070592647059029987908631672020343207895999936072813363471e- 02,
6.262167954305707485236093144497882501990325204745013190268052e- 03,
-1.305148094661200177277636447600807169755191054507571666606133e- 02,
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1. 186300338581174657301741592161819084544899417452317405185615e- 04,
4.943343605466738130665529516802974834299638313366477765295203e- 03,
-1.118732666992497072800658855238650182318060482584970145512687e- 03,
- 1. 340596298336106629517567228251583609823044524685986640323942e- 03,
6. 284656829651457125619449885420838217551022796301582874349652¢e- 04,
2.135815619103406884039052814341926025873200325996466522543440e- 04,
-1.986485523117479485798245416362489554927797880264017876139605e- 04,
-1.585917123534724675069770335876717193700472427021513236587288e- 07,
3.741237880740038181092208138035393952304292615793985030731363e- 05,
- 8. 520602537446695203919254911655523022437596956226376512305917e- 06,
- 3. 332634478885821888782452033341036827311505907796498439829337e- 06,
1. 768712983627615455876328730755375176412501359114058815453100e- 06,
-7.691632689885176146000152878539598405817397588156525116769908e- 08,
-1.176098767028231698450982356561292561347579777695396953528141e-07,
3. 068835863045174800935478294933975372450179787894574492930570e- 08,
-2.507934454948598267195173183147126731806317144868275819941403e- 09} ;

const doubl e Daubl1l9[38] = {
1.108669763181710571099154195209715164245299677773435932135455e- 03,
1.428109845076439737439889152950199234745663442163665957870715e- 02,
8.127811326545955065296306784901624839844979971028620366497726e- 02,
2.643884317408967846748100380289426873862377807211920718417385e-01,
5.244363774646549153360575975484064626044633641048072116393160e-01,
6. 017045491275378948867077135921802620536565639585963293313931e- 01,
2.608949526510388292872456675310528324172673101301907739925213e- 01,
-2.280913942154826463746325776054637207093787237086425909534822¢e- 01,
- 2.858386317558262418545975695028984237217356095588335149922119e- 01,
7.465226970810326636763433111878819005865866149731909656365399e- 02,
2.123497433062784888090608567059824197077074200878839448416908e- 01,
- 3.351854190230287868169388418785731506977845075238966819814032e- 02,
-1.427856950387365749779602731626112812998497706152428508627562e- 01,
2.758435062562866875014743520162198655374474596963423080762818e- 02,
8. 690675555581223248847645428808443034785208002468192759640352e- 02,
-2.650123625012304089901835843676387361075068017686747808171345e- 02,
-4.567422627723090805645444214295796017938935732115630050880109e- 02,
2.162376740958504713032984257172372354318097067858752542571020e- 02,
1.937554988917612764637094354457999814496885095875825546406963e- 02,
-1.398838867853514163250401235248662521916813867453095836808366€e- 02,
-5.866922281012174726584493436054373773814608340808758177372765e- 03,
7.040747367105243153014511207400620109401689897665383078229398e- 03,
7.689543592575483559749139148673955163477947086039406129546422e- 04,
-2.687551800701582003957363855070398636534038920982478290170267e- 03,
3.418086534585957765651657290463808135214214848819517257794031e- 04,
7. 358025205054352070260481905397281875183175792779904858189494e- 04,
-2.606761356786280057318315130897522790383939362073563408613547e- 04,
-1.246007917341587753449784408901653990317341413341980904757592e- 04,
8.711270467219922965416862388191128268412933893282083517729443e- 05,
5. 105950487073886053049222809934231573687367992106282669389264e- 06,
-1.664017629715494454620677719899198630333675608812018108739144e- 05,
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. 010964316296526339695334454725943632645798938162427168851382e- 06,
. 531931476691193063931832381086636031203123032723477463624141e- 06,
. 862755657769142701883554613486732854452740752771392411758418e-07,
. 447088298797844542078219863291615420551673574071367834316167e- 08,
. 636937775782604223430857728210948898871748291085962296649320e- 08,
. 116402067035825816390504769142472586464975799284473682246076e- 08,
. 666848838997619350323013540782124627289742190273059319122840e- 10} ;

OR AR OPFPW

const doubl e Daub20[40] = {
. 799536136668463215861994818889370970510722039232863880031127e- 04,
. 054939462495039832454480973015641498231961468733236691299796e- 02,
. 342378045908151497587346582668785136406523315729666353643372e- 02,
.199421135513970450080335972537209392121306761010882209298252e- 01,
. 726961853109016963710241465101446230757804141171727845834637e- 01,
.104932389385938201631515660084201906858628924695448898824748e- 01,
. 615022987393310629195602665268631744967084723079677894136358e- 01,
. 392120880114838725806970545155530518264944915437808314813582e- 01,
. 267868004340349674031122837905370666716645587480021744425550e- 01,
. 672708830907700757517174997304297054003744303620479394006890e- 02,
. 282910508199163229728429126648223086437547237250290835639880e- 01,
. 985024645777120219790581076522174181104027576954427684456660e- 02,
-1.554587507072679559315307870562464374359996091752285157077477e- 01,
-2.471682733861358401587992299169922262915151413349313513685587e- 02,
1.022917191744425578861013681016866083888381385233081516583444e- 01,
5.632246857307435506953246988215209861566800664402785938591145e- 03,
-6.172289962468045973318658334083283558209278762007041823250642e- 02,
5.874681811811826491300679742081997167209743446956901841959711e- 03,
3.229429953076958175885440860617219117564558605035979601073235e- 02,
-8.789324923901561348753650366700695916503030939283830968151332e- 03,
-1.381052613715192007819606423860356590496904285724730356602106e- 02,
6. 721627302259456835336850521405425560520025237915708362002910e- 03,
4.420542387045790963058229526673514088808999478115581153468068e- 03,
- 3.581494259609622777556169638358238375765194248623891034940330e- 03,
-8.315621728225569192482585199373230956924484221135739973390038e- 04,
1.392559619323136323905254999347967283760544147397530531142397e- 03,
-5.349759843997695051759716377213680036185796059087353172073952e- 05,
- 3.851047486992176060650288501475716463266233035937022303649838e- 04,
1.015328897367029050797488785306056522529979267572003990901472e- 04,
6. 774280828377729558011184406727978221295796652200819839464354e- 05,
-3.710586183394712864227221271216408416958225264980612822617745e- 05,
-4.376143862183996810373095822528607606900620592585762190542483e- 06,
7.241248287673620102843105877497181565468725757387007139555885e- 06,
-1.011994010018886150340475413756849103197395069431085005709201e- 06,
-6.847079597000556894163334787575159759109091330092963990364192e- 07,
2.633924226270001084129057791994367121555769686616747162262697e- 07,
2.014322023550512694324757845944026047904414136633776958392681e- 10,
-1.814843248299695973210605258227024081458531110762083371310917e- 08,
4.056127055551832766099146230616888024627380574113178257963252e- 09,
-2.998836489619319566407767078372705385732460052685621923178375e- 10} ;

WNPFPWRFRPRWORMANOPELN
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Coefficients for Daubechies wavelets 1-38

const doubl e Daub21[42] = {
5.488225098526837086776336675992521426750673054588245523834775e- 04,
7.776639052354783754338787398088799862510779059555623704879234e- 03,
4.924777153817727491399853378340056968104483161598320693657954e- 02,
1.813596254403815156260378722764624190931951510708050516519181e- 01,
4.196879449393627730946850609089266339973601543036294871772653e- 01,
6. 015060949350038975629880664020955953066542593896126705346122e- 01,
4.445904519276003403643290994523601016151342743089878478478962e- 01,
3.572291961725529045922914178005307189036762547143966578066838e- 02,
3. 356640895305295094832978867114363069987575282256098351499731e- 01,
1.123970715684509813515004981340306901641824212464197973490295e- 01,
2.115645276808723923846781645238468659430862736248896128529373e- 01,
1.152332984396871041993434411681730428103160016594558944687967e- 01,
- 1. 399404249325472249247758764839776903226503657502071670245304e- 01,
-8.177594298086382887387303634193790542522570670234556157566786e- 02,
9. 660039032372422070232189700372539681627783322249829842275517e- 02,
4.572340574922879239251202944731235421034828710753381191345186e- 02,
-6.497750489373232063332311106008616685748929419452249544690967e- 02,
- 1. 865385920211851534093244412008141266131208093007217139232170e- 02,
3.972683542785044175197464400756126818299918992482587866999707e- 02,
3. 357756390338110842532604766376200760791669954106679933144723e- 03,
-2.089205367797907948785235479746212371728219866525211135343707e- 02,
2.403470920805434762380632169785689545910525667396313550679652e- 03,
8.988824381971911875349463398395464114417817949738911101372312e- 03,
-2.891334348588901247375268718015882610844675931117463495551958e- 03,
-2.958374038932831280750770228215510959830170264176955719827510e- 03,
1. 716607040630624138494506282569230126333308533535502799235333e- 03,
6. 394185005120302146432543767052865436099994387647359452249347e- 04,
-6.906711170821016507268939228893784790518270744313525548714065e- 04,
-3.196406277680437193708834220804640347636984901270948088339102e- 05,
1.936646504165080615323696689856004910579777568504218782029027e- 04,
- 3. 635520250086338309442855006186370752206331429871136596927137e- 05,
- 3. 499665984987447953974079490046597240276268044409625722689849e- 05,
1.535482509276049283124233498646050472096482329299719141107128e- 05,
2.790330539814487046106169582691767916283793946025922387556917e- 06,
-3.090017164545699197158555936852697325985864588418167982685400e- 06,
3.166095442367030556603889009833954440058545355777781782000278e- 07,
2.992136630464852794401294607536813682771292352506328096125857e- 07,
-1. 000400879030597332045460600516621971679363965166249211063755e- 07,
-2.254014974673330131563184851456825991617915549643308754828159e- 09,
7.058033541231121859020947976903904685464512825731230495144226e- 09,
-1.471954197650365265189549600816698778213247061389470277337173e- 09,
1. 038805571023706553035373138760372703492942617518816122570050e- 10} ;

const doubl e Daub22[44] = {

3.862632314910982158524358900615460368877852009576899680767316e- 04,
5.721854631334539120809783403484493333555361591386208129183833e- 03,
3.806993723641108494769873046391825574447727068953448390456335e- 02,
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Coefficients for Daubechies wavelets 1-38

1. 483675408901114285014404448710249837385836373168215616427030e- 01,
3.677286834460374788614690818452372827430535649696462720334897e- 01,
5. 784327310095244271421181831735444106385099957908657145590104e- 01,
5.079010906221639018391523325390716836568713192498711562711282e- 01,
7.372450118363015165570139016530653113725172412104955350368114e- 02,
-3.127265804282961918033226222621788537078452535993545440716988e- 01,
-2.005684061048870939324361244042200174132905844868237447130382e- 01,
1. 640931881067664818606223226286885712554385317412228836705888e- 01,
1. 799731879928913037252154295313083168387840791424988422757762e- 01,
-9.711079840911470969274209179691733251456735137994201552926799e- 02,
-1.317681376866834107513648518146838345477875022352088357523838e- 01,
6. 807631439273221556739202147004580559367442550641388181886023e- 02,
8.455737636682607503362813659356786494357635805197410905877078e- 02,
-5.136425429744413245727949984018884707909441768477091944584584e-02,
-4.653081182750671347875833607846979997825771277976548080904423e-02,
3.697084662069802057615318892988581825637896696876361343354380e- 02,
2.058670762756536044060249710676656807281671451609632981487139e- 02,
-2.348000134449318868560142854519364987363882333754753819791381e-02,
-6.213782849364658499069336123807608293122900450508440420104462e- 03,
1. 256472521834337406887017835495604463815382993214296088172221e-02,
3.001373985076435951229129255588255746904937042979316054485183e- 04,
-5.455691986156717076595353163071679107868762395367234726592273e- 03,
1. 044260739186025323350755659184734060807432172611689413745029e- 03,
1. 827010495657279080112597436850157110235336772062961041154607e- 03,
-7.706909881231196232880372722955519781655769913634565757339739e- 04,
-4.237873998391800799531947768003976978197438302533528661825758e- 04,
3.286094142136787341983758471405935405823323072829619248523697e- 04,
4.345899904532003379046992625575076092823809665933575578710696e- 05,
-9.405223634815760421845190098352673647881298980040512091599943e- 05,
1. 137434966212593172736144274866639210339820203135670505287250e- 05,
1. 737375695756189356163565074505405906859746605867772002320509e- 05,
-6.166729316467578372152251668422979152169587307212708981768966€e- 06,
-1.565179131995160159307426993578204733378112742579926503832095e- 06,
1.295182057318877573889711232345068147800395721925682566394936¢€- 06,
-8.779879873361286276888117046153049053917243760475816789226764¢e- 08,
-1.283336228751754417819693932114064887075096030264748079976736e-07,
3.761228749337362366156711648187743399164239397803629022612862e- 08,
1. 680171404922988885554331183691280245962290247654438114807112e- 09,
-2.729623146632976083449327361739104754443221903317745768938846e- 09,
5. 335938821667489905169783227036804533253011117886586305435615e- 10,
- 3.602113484339554703794807810939301847299106970237814334104274e- 11} ;

const doubl e Daub23[46] = {

2.719041941282888414192673609703302357098336003920923958924757e- 04,
.202748893183833538390034372523511472345215563611003407984701e- 03,
. 931000365788411514736204018929480427874317460676079959515131e- 02,
. 205155317839719336306053895611899089004274336891709067958035e- 01,
. 184508138528652363416527748460472152790575031409830417259640e- 01,
. 449311478735204282674240672421984387504149924834544495466793e- 01,

G wWkEk N>
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. 510185172419193913452724227212507720514144116478727269717859e- 01,
. 813926253638400136259098302138614937264260737638175539416540e- 01,
.613921480306441118856795735210118413900307577511142987337375e-01,
. 714020986078430556604069575184718123763697177381058877113471e- 01,
. 212540708241805260646030910734894258577648089100630012130261e- 02,
. 235736582420402317149513960822561717689875252792817094811874e- 01,
. 303744709428937875006612792463031409461636228731285046551636e- 02,
.640113215318759250156057837165276039181451149292112929401186e- 01,
. 028307457564929974897286607551313323418860610791382310375731e- 02,
.122970436181072886950734465075645977754665593869789965874572e- 01,
. 112621235622724100704783293549467048999443844657058425212982e- 02,
. 020739157490110946204219011957565343899895499962369353294028e- 02,
. 176585683449997560776882472168730165799461445156766923497545e- 02,
. 849533252256919901057154320407596073180564628069920893870768e- 02,
. 852351365015615979794689960740674782817814176166333519597796e- 02,
. 753710100303584537915846117408613551147985251726558719415169e- 02,
. 275194393152828646243157404474947115052750581861997731041018e- 02,
. 031840650024162816289878206037841640814102314209075233751820e- 03,
. 075319273706152814194039481466556204493276773483821748740018e- 03,
. 134865473356251691289337120013286756337393784110786907825400e- 03,
. 122876449818144997419144765125750522437659393621577492535411e- 03,
.465014005163512031940473100375377210862560761576109755841161e- 04,
.061231228886651321139357625683805642193648671030425010215075e- 03,
. 194204927099011503676530359692366990929679170022583007683112e- 04,
. 567624520078737205563856675376636092314813400664190770435450e- 04,
. 500218503490340967673163290447832236259277810659068637402668e- 04,
. 378894834120903434270962452674534330903724108906662510305045e- 05,
.426071203109246077621875303440935335701832843654692827539837e- 05,
. 635207889249186237209225933170897825432335273771458456888097e- 06,
. 347875567854625544366043748844183086765894974439245409223337e- 06,
. 397569546840240057403739507525641239509517148980849889986407e- 06,
. 147574834779447778085443041422881439860288287528356019216814e- 07,
. 339005405209421154584783682848780965053642859373536945701365e- 07,
. 853091785633965019353699857864654181728710556702529908304185e- 08,
.417549179539278736503176166323685597634496102979977037271945e- 08,
. 399935495437998845130909687361847103274208993447892120341999e- 08,
. 472885901812050535221582074673490573092096712822067564903012e- 10,
. 050446453696543404071105111096438573423068913105255997908040e- 09,
. 932405111313417542192651899622541612314066389643607507706887e- 10,
. 250203302351040941433216718217504240541423430995137507404787e- 11},

P PP ORFRPOORPOIOONONPWOERNWEPNWERPNORPREFPEPWONSNDNENREPOWODNODNMDNEREO

const doubl e Daub24[ 48] = {
1.914358009475513695026138336474115599435172088053846745168462¢e- 04,
. 082081714905494436206199424544404720984720556128685270556458e- 03,
. 248233994971641072358415157184825628226776692231940577581580e- 02,
. 726223583362519663806545734008355914527504417674578571164300e- 02,
. 729089160677263268706137134412557268751671263458895098625356e- 01,
. 043710408399249919771876890402814109246866444441814540282099e- 01,
. 749392210955419968460807901923407033144945935105622912839838e- 01,

UL 01T N ONW
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. 809855532337118833442626085115402941842959475929278883281409e- 01,
. 872714068851562376981887159775791469060265778441667840307934e- 01,
. 179430789993627375453948489797707550898087789160025182664299e- 01,
. 776613684344728187950198323031360866349104994035553200788631e- 03,
. 392373887803108551973268291945824822214858134512317715815616e- 01,
. 252872964148383258147364472170645232684343235486951540533893e- 02,
. 711753513703468896897638515080572393949165942335556397917666e- 01,
.877717357792001620177594726199572688446488033750771020190283e- 02,
.210163034692242362312637311149062286659377039046006801523826e- 01,
.098011370914481534980883827326017063121637262728447783605518e- 02,
. 216165420800166702291466006164189460916816748629968198028898e- 02,
. 578436241819221637997516339765068825260159169893967894877272e- 03,
. 130162003998087915555334881398688958843078494595140394873884e- 02,
. 944709428125628299815920032649550811877887219282751174798211e- 03,
. 821310709490189098113895361900699228886900995412759197674058e- 02,
.661721881646585897329899904308764405384658404613669817843430e- 03,
. 304997087108573583052494067883717533043101857128653233783396e- 02,
. 291435370018187780721843581169343900864298634085743861509767e- 03,
. 746568786323113800477796959513558401732252800905982385017245e- 03,
. 736046178282523345179052160810332868725126356493155728625572e- 03,
. 153764936839481504858282495202271984454410046682805375157566e- 03,
. 696456818974824394274534636412116243080312601322325642741589e- 03,
.416184856141520063365958900079406737636243682138363561877750e- 05,
. 861270593183109933716735450272894035425792347806515678695765e- 04,
. 181233237969554740613021227756568966806892308457221016257961e- 04,
.460079817762616838924301818082729036314539476811023255670666¢e- 04,
. 559388639305634085303738560455061974369354538271316071502698e- 05,
. 183241460466558363365044032984257709791187640963509380549307e- 05,
. 022888292612697682860859987200455702614855595412267510558659e- 05,
. 341157750809114719319937553186023660581084151828593222893663e- 08,
. 901100338597702610409014129024223853127911530009766793352492e- 06,
. 980253143938407724149926669980791166378388013293887718404796e- 07,
. 032507756879971624098983247358983425236092110387724315244646e-07,
. 166339653278574639176393978510246335478946697396400359281412e- 07,
. 057645419792500308492508924343248979317507866520688417567606e- 10,
. 255740388176086107368821674947175804005323153443170526520277e- 08,
. 157776789671999638950774266313208715015419699643333784626363e- 09,
. 748375824256231118094453549799175824526559994333227456737433e- 10,
. 024658644584379774251499574468195118601698713554294941756559e- 10,
. 991801157638230974132696433509625934021677793453732225542951e- 11
. 342782503803710247259037552886749457951053124203814185811297e- 12},

PO PPPOONOONPPOWELRNNORPRPRPORMRRPPWOPPORLPNNPPOPPONPEPWEANPPWOEDN

const doubl e Daub25[50] = {
1.348029793470188994578489247159356055370460656508881471268611e- 04,
2.256959591854779520121391049628056149270016860666661928130747e- 03,
. 718674125404015533817186914954848902241194002444696221013131e-02,
. 803586287213267559750659320481403668422052199257139168386084e- 02,
. 316935078860218199900621518057089104946216881512075361624214e- 01,
. 596834151460945937896973864539659944010260858049947396093277e- 01,

AN~ R
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5. 816368967460577833534892038757085635755639698734580573323031e- 01,
3.678850748029466984371319740855532278670733841012809062966976e- 01,
-9.717464096463814276130048169040892607068486428294030952842447e-02,
-3.364730796417461309562110148848845218930261030262170601615289e- 01,
-8.758761458765466140226687673880006154266689569025041229545538e- 02,
2.245378197451017129525176510409543155930843160711989062118482e- 01,
1.181552867199598604563067876819931882639429216001523151773895e- 01,
-1.505602137505796309518094206831433270850173484773520730186277e- 01,
- 9. 850861528996022153725952822686729410420350758543226219234795e- 02,
1. 066338050184779528831274540522414711301747903916268438037723e- 01,
6.675216449401860666895983072443984697329752470942906490126865e- 02,
-7.708411105657419356208567671699032054872853174701595359329826e- 02,
-3.717396286112250887598137324046870459877639250821705817221557e-02,
5.361790939877949960629041419546536897037332284703545849594129e- 02,
1. 554260592910229163981295854603203625062268043511894295387375e- 02,
- 3. 404232046065334099320628584033729153497903561399447916116575e- 02,
-3.079836794847036661636693963570288706232460663070983852354326e- 03,
1. 892280447662762841086581178691039363674755753459524525886478e- 02,
-1.989425782202736494289461896386235348901617760816745484282494e- 03,
- 8. 860702618046368399013064252456556969199612331833605310278698e- 03,
2.726936258738495739871469244610042793734119359765762028996059e- 03,
3.322707773973191780118197357194829286271392998979276105842863e- 03,
-1.842484290203331280837780430014195744813667655929909114672154e- 03,
-8.999774237462950491085382524008429604309720852269895692000702e- 04,
8. 772581936748274843488806190175921376284150686011179612908221e- 04,
1. 153212440466300456460181455345639872216326644527860903202733e- 04,
- 3. 098800990984697989530544245356271119416614147098459162436317e- 04,
3. 543714523276059005284289830559259809540337561365927850248007e- 05,
7.904640003965528255137496303166001735463107762646364003487560e- 05,
-2.733048119960041746353244004225286857636045649642652816856524e- 05,
-1.277195293199783804144903848434605690990373526086311486716394e- 05,
8.990661393062588905369930197413951232059323587543226269327396e- 06,
5.232827708153076417963912065899772684403904504491727061662335e-07,
-1.779201332653634562565948556039009149458987774189389221295909e- 06,
3.212037518862519094895005816661093988294166712919881121802831e- 07,
1.922806790142371601278104244711267420759978799176017569693322e- 07,
-8.656941732278507163388031517930974947984281611717187862530250e- 08,
-2.611598556111770864259843089151782206922842627174274274741722e- 09,
9. 279224480081372372250073354726511359667401736947170444723772e-09,
- 1. 880415755062155537197782595740975189878162661203102565611681e- 09,
-2.228474910228168899314793352064795957306403503495743572518755e- 10,
1. 535901570162657197021927739530721955859277615795931442682785e- 10,
-2.527625163465644811048864286169758128142169484216932624854015e- 11,
1.509692082823910867903367712096001664979004526477422347957324e- 12},

const doubl e Daub26[52] = {
9. 493795750710592117802731381148054398461637804818126397577999e- 05,
1. 650520233532988247022384885622071050555268137055829216839523e- 03,
1. 309755429255850082057770240106799154079932963479202407364818e- 02,
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6.227474402514960484193581705107415937690538641013309745983962e- 02,
1. 950394387167700994245891508369324694703820522489789125908612e- 01,
4.132929622783563686116108686666547082846741228042232731476147e-01,
5. 736690430342222603195557147853022060758392664086633396520345e- 01,
4.391583117891662321931477565794105633815363384084590559889493e- 01,
1. 774076780986685727823533562031556893226571319881417676492595e- 03,
3. 263845936917800216385340830055349953447745005769416287177497e- 01,
1. 748399612893925042664835683606584215248582345438816346170042e- 01,
1.812918323111226960705459766025430918716233584167982942044424e- 01,
1. 827554095896723746537533832033286839689931924709760567945595e- 01,
1. 043239002859270439148009137202747658420968144330108510179290e- 01,
1.479771932752544935782314546369458188243947772922980064071205e- 01,
6. 982318611329236513756591683950208955110603212379412334701145e- 02,
1. 064824052498086303236593797715344405836015002929319291715777e- 01,
5.344856168148319149493577269390074213960237013099439431132086e- 02,
6. 865475960403591525454725258715351280947435823354011140858001e- 02,
4.223218579637203541206570902753288247790857760067894456114927e- 02,
3.853571597111186425832144567362328142994885395255438867968781e- 02,
3.137811036306775484244644776337594435094096964336402798072360e- 02,
1. 776090356835818354094298625884058170354129044259951019182732e- 02,
2.073492017996382475887790073068984224515077665517103399898854e- 02,
5. 829580555318887971939315747596613038479561943085291072787359e- 03,
1. 178549790619302893728624468402138072504226527540325463847390e- 02,
5. 287383992626814439198630765217969804966319971038003993984480e- 04,
5.601947239423804853206514239940474788977188460452053462770324e- 03,
9. 390582504738289646165698675070641765810790863514339205205998e- 04,
2.145530281567620980305401403432221668847980295600748913748902e- 03,
8. 383488056543616046381924054554052104937784379435436426690560e- 04,
6.161382204574344193703789012696411561214682388271673214197731e- 04,
4.319557074261807466712901913481943478521991611607433971794602e- 04,
1. 060574748283803889966150803551837402553866816191659959347053e- 04,
1.574795238607493590547765666590811258087715699737771458390360e- 04,
5. 277795493037868976293566636015627609248847457646525246271036€e- 06,
4.109673996391477816326502438997466532822639385119090230965252¢e- 05,
1. 074221540872195031273584409245060623104931330938273936484593e- 05,
7.000078682964986734859102495210684809643657474253921074934684e- 06,
3.887400161856795187587790410706550576033603097954065074023128e- 06,
4.650463220640262639231145944536092973446596027469833860001618e- 07,
7.939210633709952088373459255067360793370284788682979065122810e-07,
1. 079004237578671411922961583845716126060658213943840375162654e- 07,
8.904466370168590769052983362721567202750591914741016835071257e- 08,
3.407795621290730008673832107214820587991557116806912418558069e- 08,
2.169328259850323106986222296525930099935873861026310788086221e- 09,
3.776010478532324328184043667556576385639846460337894963138621e- 09,
6. 780047245828636668305808192607091517605349478677442468580825e- 10,
1. 002303191046526913509281844136258004034177309673269533418644e- 10,
5.840408185341171468465492447799819262905317576847426970757700e- 11
9. 130510016371796243923232926650252570239054815939483900056681e- 12,
5.251871224244435037810503452564279828539007071678724285717464e- 13} ;
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const doubl e Daub27[54] = {

.687131385431931734918880680779563307675740731544063787599480e- 05,
. 205531231673213234251999812212394463872002561229330125152073e- 03,
. 952588780876619771874091297340545740163119816300838847749336e- 03,
. 945259998290488004302995584228917712171023349013386944893643e- 02,
. 629220275023933206396286389387812803673796872000118325233533e-01,
.671102141253898226423388094379126394383458407087000700420400e- 01,
. 538498609904800487605460395549044755068663194750017660900436e- 01,
. 934061226779989979265447084358038959373468583404767251300717e-01,
. 028408550618229112710739475157388764479351682549490307668477e- 01,
. 897168033145948463175311101489473923261698802610323264603418e- 01,
. 482645819032605667810198368127693701263349361209208170092197e- 01,
. 148230195177853576326445213787661879970642975306605349249036e- 01,
.272732884141708265275037216925482827043581894357907763081103e- 01,
. 878641863180231062443346843661817078060143110529946543683356e- 02,
. 780317409590085821070366277249759321269342801053489323888575e- 01,
. 579939746024048431173907799261019471878724997312653292884660e- 02,
.311979717171553289711406975836688896451835867594492827800969e- 01,
. 406275155580876537026622167053147161846397735962817855782362e- 02,
. 102290652956591798241345515773322449830692586525337562864481e- 02,
. 731101826549371089085675445961947677452358872325373949295769e- 02,
. 796940573471798814748840657698008349462526768238833307489106e- 02,
. 851249356199807710545837861298826718763077900221574749342712e- 02,
. 273906663102087145481936428049519742538150452785563039743756e- 02,
. 614696692239566682272152627542980896527822528487665111124260e- 02,
. 566559564892457873003263983940819950829497022298967052103291e- 02,
.157718645897628140054089958116866381056430680879332334217267e-02,
. 862096345462925972966025215266179082657169806555503857975278e- 03,
. 856635609684880675273184141746359000591385833807880272568038e- 03,
. 342626877303679609082208800217479591902967766971379107017011e- 03,

(o2}

1
9
4
1
3
5
4
1
-2
-2
1
2
-3
-1
1
1
-1
-9
1
5
-1
-3
1
1
-1
-5
6
1
-3.332854469520006162763300141047111065412307706449049389557931e- 03,
1.457529625931728587128588244152604734177322144376309490881599e- 04,
1.301177450244135139135787970279897042994109161268159963884641e- 03,
-3.418351226915427611946547437228006377896519777431057005796358e- 04,
-3.879018574101327604369144470124819695479087900682219330965466e- 04,
2.019719879690326857104208791272390315160018069955787875123234e- 04,
7.660058387068576876674274961751262847965101108848090019821555e- 05,
-7.711145517797584208411720507329584053382646435270054267102827e- 05,
-3.517483614907445391752737841583832374184046409747387149129674e- 06,
2.063442647736885318487206413360228908558806028468062177953960e- 05,
-3.901164070638425528170558032557368703418425915665413541985623e- 06,
-3.657500908187104997045760131046655906827644494899206692043298e- 06,
1.634369624725637835424610743915128591988676092276368687669255e- 06,
3. 050880686251999094242671997731089918322345713516567387655763e- 07,
-3.472468147394389269364673179891460601330730511237974736379548e- 07,
3. 286558968055159530983261866450459360074591641809187825408848e- 08,
4.026255052866908637178682747490340533992340623231336911661711e- 08,
-1.321332273990056558848617809101876846857728483295631388083263e- 08,
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- 1. 309465606856955151282041809232358209226373823424148862843577¢e- 09,
1.521614984778521740775073159445241799352681846880808663329946e- 09,
-2.415526928011130660506395791946234018673860470542996426005750e- 10,
-4.374986224293654395069947682013996351823060759948583134078918e- 11,
2.213662088067662485181472969374945928903854605356443772873438e- 11
-3.295790122476585807069953975043096139541415768606924980926275e- 12,
1.828188352882424933624530026056448539377272017834175009418822e- 13} ;

const doubl e Daub28[56] = {

. 710807775014051101066545468288837625869263629358873937759173e- 05,
. 794985159843870273564636742144073059158975665525081816488582e- 04,
. 542650377646859177160195786201116927568410621050693986450538e- 03,
. 909260811540534426092083794403768111329778710541126982205076e- 02,
. 351379142536410450770749411679708279921694061092200363031937e- 01,
. 225633612855224257318486139030596702170126503618082416187649e- 01,
. 249982316303355562348293243640252929543774162151269406404636e- 01,
. 305162934414858075256978195354516449402692654391295761050628e- 01,
.001761440459844380384404537971725815970574972480152145882083e- 01,
. 304989540475825257279397658067038304888129374484095837624889%e- 01,
. 013278095326417816909366061441334075444383937588485826752087e- 01,
. 285787916338710468450547883547348694255260871071954509422161e- 02,
. 458081513737595535752949960866466132239832334168533456626848e- 01,
. 690688531571127205290633425993077868843846977265847006108551e- 02,
. 828773307329849166920408764650763092868965221608724574218473e- 01,
. 683823374455167616514752420549419665215987106243491879971921e- 02,
. 346275679102260877490923315484152662987698625205479167761416e- 01,
. 447863127509970524678534595639646616244376966117385829345554e- 02,
. 768535580565244174963692133038973587005628990493154911133358e- 02,
. 734192283130589908795581592406238282930530566316914040035812e- 02,
. 774789550190933956165341752699717255041141690153626336867769e- 02,
. 448018955540951137600471926079622335842207388713342609755316e- 03,
. 333336861608628393863254980828284403766309203453808666888800e- 02,
.431732910062988320487418656322338284504389482966303454010563e- 03,
. 468806001015186586264188361362046240243934625858343309818244e-02,
. 815549764552309639259447104811254179605050667281644254737890e- 03,
. 206359196821849005842466619530619474644989878503490321948471e- 02,
. 838816627748944864497370576838809711476027837762897602935327e- 03,
. 784863112454241718009916669120329848973107781600157214960003e- 03,
. 725461247074254799171427871442937099025589672466088044410521e- 03,
. 360373845639692436577650137133777929659265166644839235882291e- 03,
. 875998668202795626152766912508562385106168761893900192731562e- 03,
. 415672393140464257573780581396205840941849282748250523509874e- 04,
. 486749559114629991320679819683227355746847370960399216568306e- 04,
. 154656063658921251969297916771881248142872975490882572741198e- 04,
. 295790982233456202366621544054366855729175050420515776344878e- 04,
. 903901490044488099517361247378396756893227855233897357882978e- 05,
.907713416190250858324783990436748073854807494400738311968278e- 05,
.641401211050802781223450761733180188911730291497201507086247e- 05,
. 638664981394294654002871426476885751050837817671843706915388e- 06,

1
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. 004326041333422601781848560432120920634648692782357855473103e- 05,
. 247900317574834146052381692752796047052443265982232422642017e- 06,
. 840363734517769191684379309039277810350620305330900536404818e- 06,
.670215479954892588747450458085225880096882699397256774967304e- 07,
. 757461173209842779903676264971918635870906983281392939812547e- 07,
. 490660013535362170989340065033061951960933954388633507264360e- 07,
. 262387315626556965966429243600984899650039704831080988658278e- 09,
. 784138690875710077191713941441263246560738410213624546116655e- 08,
. 044047056383436444631252840057862002264087720676808580373667e- 09,
. 944540328946226952976704718677697525410051405055662575530111e- 10,
. 077041247229010224760245305596307803830053533836849384680534e- 10,
.492220011056382105461206077240377024404404638947591299761197e- 11,
.867367263783390418963879146175452376940453585791428841004699%e- 11,
. 365490471258800799349289794397908900767054085216008197372193e- 12,
. 188850533405901520842321749021089497203940688882364518455403e- 12,
. 367772354714857335632692092267254266368934590973693820942617e- 14} ;

OFRPO0OFR,ROOCOOOUIFRPRORFR,FPORERPRE

const doubl e Daub29[58] = {
3.318966279841524761813546359818075441349169975922439988843475e- 05,
6. 409516803044434540833706729120596322083061716935004987374676e- 04,
5.702126517773375434760843998623507494914551464968126455168657e- 03,
3.077358022140837676716707336516751814713312018344719150923618e- 02,
1.113701169517405304762186166370327770191325772342190715118617e- 01,
2. 806534559709829376968881262770480606500920092398534229615289%e- 01,
4.897588047621993143592705932993573539235839610055331620240518e- 01,
5.513744327583751951223746071670135992466984391233429663886536e- 01,
2.891052383358291634605691113586264061513180158354460952469246e- 01,
-1.540287344599000542466293779503370141731339982919280951230240e- 01,
- 3.300409489175880520295083779487012611959310539629627124613719e- 01,
-5.570680007294085781514541931715795784309410235726214400350351e- 02,
2.361052361530259415983110734054626770649468357328362426830433e- 01,
1.124191748731883764769740670535880543076817816861518667898467¢e- 01,
-1.608779885941877360771615465531852333085159940159968393590303e- 01,
-1.078459499387214201077881957354707913786241153934264316589273e- 01,
1.144722958938182579734135930060053286267822797640393386903440e- 01,
8.322074716244975790297348835032537357891920536002627784941129e- 02,
-8.512549261563550232832311331420804581881235448862834507281486e- 02,
-5.502748952532572320924541450626650067707344725344841099873446e- 02,
6. 347916458421186633577789314698972361081611994794140119302163e-02,
3.053154327270413646637328212093941030592133225231728964047047e- 02,
-4.518798127778834515979704475304405691390090327474972089790857e- 02,
-1.291714255426679462966473962555410660387671182428076570686472e- 02,
2.947043187174764111028122319949903667638786379520519899154373e- 02,
2.648327307678167915542397563479749119673768286990136051577167e- 03,
-1.704122457360668969234196743407615179099529206118693044741086e- 02,
1.737880332720511164430027824345354801611373419264590068097416e- 03,
8. 469725493560752287772961661104710791306496373354237126998903e- 03,
-2.550807127789472659145072247724735637183590942511858255354005e- 03,
-3.473798989681100630649790255076233970957721666820195620598374e- 03,
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1. 877120925723650133179338154344873477230567340668548016358682e- 03,
1. 087053942226062966738944397844498417945523630053411148182206e- 03,
-1.000778327085680541055696707760062870925897014530348262794137e- 03,
-2.000711363076779808296301110796026470163110202848894744316755e- 04,
4.111283454742767033424740543004041500054889660665367490129376€e- 04,
-2.292018041214499897382298271438084577065170236103859181134525e- 05,
-1.293044840080720609161466939678226852440475312744714379499074e- 04,
3.645026068562774967665464216602750761690984830805534178557146e- 05,
2.913344750169041218495787251929571015775436967652945386217480e- 05,
-1.657328395306616289863396387854880512976861409870690029695161e- 05,
- 3.593644804025187638066915189731950450034629392522542962477168e- 06,
4.750609246452552850197117564759363194953518317428400241629683e- 06,
- 3. 029054592052818286474228294307141792053791695855058563299597e- 07,
-8.975701750636280734511651941681818767895052287332471537510510e- 07,
2.633898386997696553900967704111473475368019612368922599394214e- 07,
9.387197411095863026484410601284876812292554863800653292318725e- 08,
- 6. 286156922010786166768503252870590953166867739448102804392389e- 08,
1. 076591906619196137385201975028785139607670319821266803566785e- 09,
7.768978854770062238895964639391324551611701293594055935346266¢€- 09,
-1.893995386171984147774611076618946011337498790609031626697228e- 09,
- 3.426800863263089001811012278889864200550342566386405676893537¢e- 10,
2.407099453509342962399811991929330725186626582891090462239366e- 10,
-2.940589250764532582888473974638273664244682541297835986306504e- 11,
-7.832509733627817032356556582819494794884131433810848844709881e- 12,
3.152762413370310423797539876893861621418382024668704492620948e- 12,
-4.285654870068344101898185073376307686875386259541180967347399%e- 13,
2.219191311588302960934661700068023727737812918006011019184982e- 14},

const doubl e Daub30[60] = {
2.338616172731421471474407279894891960011661146356580425400538e- 05,
4.666379504285509336662000111055365140848987563882199035322085e- 04,
4.300797165048069510045016757402827408493482974782286966500398e- 03,
2.413083267158837895194919987958311943976725005113561262334092e- 02,
9. 123830406701570679321575555085899708564500191080751595642650e- 02,
2.420206709402140994467599658342919512318194032687898436229538e- 01,
4.504878218533178366981351802898336415314944375740699506554771e- 01,
5.575722329128364304078082520999850413492571645754785374629734e- 01,
3.662426833716279793144871151369089533016299234992584741629624e- 01,
6. 618367077593731501909741041813726474911212544474895441395148e-02,
3. 329669750208556069196849320598850505877494561268613506392514e- 01,
1.419685133300829310219026267403758254954270602825020111483505e- 01,
1.994621215806643032428990062111230223523226088131364328774921e- 01,
1.778298732448367361280250921330425046260289700971176750362566e- 01,
-1.145582194327077814891518778613672243404957549114393749173137e- 01,
-1.572368179599938126878197378886501553251711910617673398124611e- 01,
7.277865897036442699893544326605244235248713804556715604416632e- 02,
1.227477460450093778691578797698150091624353365248212907325446e- 01,
-5.380646545825707676022015051837304300338645984615639237930800e- 02,
- 8. 765869003638366048026572053699028353846982304851342479893827e- 02,
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. 380166467141773250305407710250135373016604593736480428415303e- 02,
.671236574473569492590636983030617493807140224924978946302257e- 02,
. 567339749675960965780819743176056734137251336781389369397564e-02,
. 226375891935220815954913483392725682165778426411705216010280e- 02,
. 707861959529418272206848318420006522973840949600186710327776e- 02,
. 528796076985739546052896626042375110302102640936712142026221e- 02,
. 839974386811734118728169880549148389603890445324127330811811e- 02,
. 296859666131086629169938675330494864053932988161015674773617e- 03,
. 091563165830488927536881480211929049886878831313700460017968e- 02,
. 196717564977244383592534999284255315694546230739551683085460e- 04,
. 530730148192003288871383856487027893918513053091795443517653e- 03,
. 433845866620933982126003584365932145598126087481400294999080e- 04,
. 324520094060099304385756339638431339131122661576649123053845e- 03,
. 609276968110423879660725173525347077801305237644122054954659e- 04,
. 678782504380918697963922441514742758516706160788123977340073e- 04,
. 050948239033467796256544554086554367969638627715114003635557e- 04,
. 7124825842351709725545759714374272164367933578194910678479473e- 04,
.161718301169633804271038862087964094429005266172702380483361e- 04,
. 548305467584070994787824796256108217987765582429940610377190e- 06,
. 982008370808327851082027193100914402221658444151889697045071e- 05,
. 339716863293971629296314599448901465078920406443516550195793e- 05,
. 636152478725426488654528710478856195004608401773950511915162e- 05,
. 252145535890469015723401169934327900622894130695550273452916e- 06,
. 327549098493686509557358103785598216688723737824121617676858e- 06,
. 187267676996166416699555236143059249832615777542412142603694e- 06,
. 099474338526203304286307383463498542376432972308342428764576e- 08,
. 261662326011572446469849114416378817419458434583398455985144e- 07,
. 000414682354500898864979332965559934104686157639553850670490e- 07,
. 7164379965139453357729154748688006975561934425368712852985388e- 08,
.605442754977625431940885841950955928085338672381046225838880e- 08,
. 553397861397053982967618072672572206490972606026556946910028e- 10,
. 331105680467578245901976412732595596538702049437802824373020e- 09,
. 984862691832182584221096665570313611280449991512869846064780e- 10,
. 613622978270904360610418704685783656905979134344922647926295e- 10,
.461387997276802120884525814092001871993910062127702293573920e- 11,
. 000105131393171192746337860330428369495110180346654025287492e- 11,
. 239428638532286114355931428908079297696045600279108835760520e- 12,
. 185237592101582328254231496310584611948560976394420324137742e- 12,
. 543997570847620046003616417646988780670333040868954794039905e- 13,
. 737942630954405708679963277418806436871098329050829841696327e- 15} ;
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const doubl e Daub31[62] = {

. 648013386456140748122177817418358316441195236228590958603489¢e- 05,
. 394122037769956699157160165352942212213928231154233571163033e- 04,
. 236884068627721221829662672296912258338131668810067169630813e- 03,
. 885369161298591269159568944275763468999829139547989648553486e- 02,
. 433609301164788697908776495388047669378919816041031344650271e-02,
.070128744852353286198055444111916450619762837756134323019573e-01,
.091922000374278563928213235836188963704298775635493549519369e- 01,
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. 511398409142754983590484577074663132074992263886810324421617e- 01,
. 294688082061372955430413148799008354573408538414331312236645e- 01,
. 716921249736946422305354732634261873401679092095992827198308e- 02,
. 109551183195075186926560285811004715398678229333522634202008e- 01,
. 179784855235633521693544507220105631639547435903112747133934e- 01,
.401782887652732681656253206993073895422881511380152633441096e- 01,
. 249667114737370933697297905066886078307490136415302624018330e- 01,
. 992634916046823977000579399730138693074543903234092797936484e- 02,
. 869623608957154494374577196258383009208655076187653847079167e- 01,
. 543698842948893409652995335281236231845293548571166883219023e- 02,
. 450895009319931981518942907854879059128872873116921504156674e- 01,
. 139832273469236863527708715566588550006680549152344840146851e- 03,
.076127733234956326668605511648013952380301953590447106075614e- 01,
. 094129745236496925725237900637802669504835743555466811796369e- 02,
. 535361174328140695528289751109133941376701984419452638686226e- 02,
. 488002661810482202699555987503429289100801979910046913257306e- 02,
. 861907546485433003537603385831190109391263542044516048871113e- 02,
.615417156598591113619453864586701665635869166193865651960591e- 02,
. 804761936675616906861927211659154977049392281479113764697785e- 02,
.427627527776351943309800140756746087215016194775579070599004e- 02,
. 390055293926652880755898888934447671732373519028670201124816e- 02,
. 051763948737184089128633441244991643331033825102031908858652e- 02,
.516163573310992566561289762241160214476622662764637181816550e- 03,
. 520852375874612553325469682628530079210293774541131381751695e- 03,
. 428264223218909891400516038687842292177211292295049238921068e- 03,
. 393066776715931928419358796960612411097347419792355896915546e- 03,
. 397901106014600492881202314307290077992972755016494062875201e- 05,
.459041741985160943114515221598080223845239255190055621901681e- 03,
. 431398296904734438118401084929505912208229684629857530009147e- 04,
. 998816175637222614896912406679513231966722440032799024979502e- 04,
. 396583469402949615285646688069476140260781708006174912535660e- 04,
. 243411617250228669409179807383399199879641177993453588807726e- 04,
. 089584350416766882738651833752634206358441308880869184416670e- 04,
. 501335727444532997071651937630983442758297688087711521441229e- 05,
.631255157860086164261313773172162991107348698083164489165837e- 05,
. 034520235184278839752741499546098778993926344831736074409765e- 06,
. 795301342692987765440618030678349427367022581211855857458220e- 06,
. 035142365891509630069007852947057220760887215249503512783023e- 06,
. 369060230942940782050489751987123955074404782177163471279285e- 06,
. 810015422044371573950976088058064384946146188110905321673802e- 07,
. 327250656974915426977440959783080593776012130063170688309127e- 08,
. 975925129170206248152121156696590501303803187231928513867046e- 07,
.616826517331004805247567218405798591329788122337274956172315e- 08,
. 328309713821409644308538888589329921141948539678106680777082e- 08,
. 061529602150252306500404266150823962402673780484965538270541e- 08,
.474311687959861398702581539341954438747926255671605657095807e- 10,
. 408568151025177427076547804944585301332087108125727813194374e- 09,
. 524043954153353306183643702933218308617979467184848456565837e- 10,
. 348930032486263904766913919653624379586487437915175106407348e- 11,
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3.692108808871129411604189196259677640440919369478263728899602e- 11
- 3.327008967125979929910636246337150851642079794871116041187279e- 12,
- 1. 324334917243963163878274345609465717294426628053460151843705e- 12,
4.445467096291932163298411852093011459626037560439178917611592e- 13,
-5.559442050579014337641375730083534521513818164827556763756543e- 14,
2.699382879762665647295493928801387173921314576598505507855504e- 15} ;

const doubl e Daub32[64] = {

.161463302135014885567464100760659332951431420121048996305591e- 05,
. 466566906380903352739104211274667134470169443886449124673996e- 04,
.431261919572266100780423071905958127811969678055971488060574e- 03,
. 468104638141913563547809006402194831107662001343421893488086e- 02,
. 025749912033537081745451975527967031851677384078997261920024e- 02,
. 757507836394388988189299915753348505208376399651864661397588e- 01,
. 675096285973496361995340339143234125206079560406868595968025e- 01,
. 343179193409538322901117858552186425529774700290587495921679%e- 01,
. 778091637339484033555130814414794130354053753675509287934741e-01,
. 206305382656178269538098710665261299391507308342013788891222e- 01,
. 666981814766755535489784087869865024226542605534080371507405e- 01,
. 774215815584272153338153320303401666681294506143291967655666e- 01,
. 471335480551623831000090095167664918448659157720155321560811e- 02,
.483106423568801736064852157222867588791898170114101300999760e- 01,
. 466244483969740441701479334808723214802614938081258920635302e- 02,
.921023447085468984341365278247990525863123891147783426068990e- 01,
.899511718467173853355943225576377418394280156945986899417475e- 02,
. 452320794752866460838830744051944832326998342053148426312341e-01,
. 440490819993974022640619534046603571086531544468421519143629e- 02,
. 094561131160893831027722774343269232755171130623890041619420e- 01,
. 962787250844770491204452379051215505049068645551070779367843e- 02,
. 087414063848395744090831590426327690818854671836423275412813e- 02,
.410615151610660772869738802931740150275269382463799031013905e- 02,
. 692631406247843550478416271158537960555270097953330567652364e- 02,
. 380264464932573834443178362086503847328134994591954135879789e- 03,
. 705145792354468010437633458013030898015496905609424004450953e- 02,
. 145907660827218781460700428862611061267328108653649653634276e- 03,
. 166282283639119347634778516947485598599029367518033869601702e- 02,
.167527310685675112579059689520105004744367282412921739811164e- 03,
.101740071540688116532806119564345712473051769079712407908648e- 02,
.411568257275791208581502410752383050600045942275647685361370e- 03,
.649216751184411528658094984504900172989190128905887602541396e- 03,
. 627224640687864960122122984391704782343548385375321260251988e- 03,
. 468955100468467772528811782840480639166582822577191079260543e- 03,
. 964740555821778254183647540656746450092725858126595984907304e- 03,
.211678729579097916278097586914956834196749138610403102772710e- 04,
. 673058518450555343925662389563539890596549655683386287799624e- 04,
. 024537310607396186949656796812972062290796122915930356634122e- 04,
. 059654423826911750479261161552574500739091332121504634422577e- 04,
. 053915461739828114700905192091104141076083602686374410146603e- 04,
.103678329134838389828091896334156224227821362491626044950428e- 05,
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-5.259809282684322782648914338377962890245975842272425408122506€e- 05,
-1.294045779405512723950480259110995722517019870286295908085366€e- 05,
1. 824268401980691220603850117995712615809177092802967489081228e- 05,
-6.361781532260254953363913076575914206506177493714496098327288e- 07,
-4.558309576264423135123964145585288808181431652781253437738445e- 06,
1. 202889036321620990296134494079846952404216422923750605507047e- 06,
7.560047625595947819392627283726711361273296630256477108501994e- 07,
-4.285970693151457255418342315045357407199066350632593899896712e- 07,
-5.003361868748230293692887222336390314786090450819216035110269e- 08,
8. 965966311957728376981484572655177545054433542721057470726361e- 08,
-1.219924359483373093110396748985081720383992859961285213840740e- 08,
-1.104383021722648979552131128575075255513372249283096583736746¢e- 08,
. 250422311980592983740943309197245384991941251563471671065543e- 09,
. 384387799940474369553236949848427579687147486892033587998023e- 10,
. 881091462634605628881794361152305108432139465417759716875076e- 10,
. 904723796221605490455387579189371137903330749397374037644960e- 11
. 263270741332907875981844980104948375955551273115386408552080e- 11
.430918765169202320188022211739750594608742928641485026836608e- 11,
. 075610653501062115165734990153347111902874668945095034791947e- 12,
. 361482229611801638107331379599434078296259332654994508124989e- 13,
. 663800489433402369889818192962259823988673359967722467427927e- 13,
. 000715303810524954375796020597627467104635766752154321244151e- 14,
.421019139535078421314655362291088223782497046057523323473331e- 16} ;
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const doubl e Daub33[66] = {
8. 186358314175091939858945975190102731733968885547217619434602e- 06,
1.791016153702791479424389068736094134247294413108336017758506e- 04,
1.822709435164084208084617771787691709255513374281497713580568e- 03,
1.139594337458160925830840619716397130445853638888472948832932e- 02,
4.861466653171619508385707681587366397164931431125053574327899e- 02,
1.481863131800528081784673514426737436792606299953305691300616e- 01,
3.267181301177075783930752787756046348844272437670999719562429e- 01,
5.093761725149396552227892926384090200953139820961482931291482e- 01,
5.112547705832674655425831875568453973369927971748064975152374e- 01,
2.095823507130554216526494469993023406452629154801126958766008e- 01,
-2.042026223985421049629055102642279430174095014493415546881477e- 01,
- 3.159974107665602561905181464284910961862968513875028980451424e- 01,
-1.927833943695275915600583425408664108893845271616240406358226e- 02,
2.454206121192791114179964351253140999836791489738418857473689%¢- 01,
9. 985155868033815698139640215477639365289384281516885362929979e- 02,
-1.714280990518593279308738113273443832545615219650436927029674e- 01,
-1.108441331167107910806084983056783194189909198734302929909672e- 01,
1.219678564037346149389134584371009777591763921148126952722200e- 01,
9. 478808805061595889263191779090571160237408179346345390888721e- 02,
-9.114696835133148913093153757138373418923462847746880902676089e- 02,
-7.030248505405615921453280814171665167171986608963193275084895e- 02,
7.019114394099653254998935842432841393915841096633514680190145e- 02,
4.573456189389667743139040427641638967843459421665709740086516e- 02,
-5.347125133582228919431110824663168583260050383336359554980188e- 02,
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. 524858297747649929258392207837724793937727346177294684700378e- 02,
. 868706076024496481748675031852528047303323816250150793091832e- 02,
. 070326582001954942654534968137727769698168853186071888736311e- 02,
. 572876175473297336123211392278301875687760837710204579628265e- 02,
. 167758617353607324783298657172830203896433848418061622436727e- 03,
. 531695411585766548347442266431874060229304787191589430967538e- 02,
. 594288782414604768637856446111392724059836934455189837500244e- 03,
. 953540387057939240459305406538116220678495240302592677582773e- 03,
. 389062408165908575935815973439728988151836094753689966108405e- 03,
. 480800953405711999411461002429227385937942254778524257436278e- 03,
. 860718214455795912074482150710567824317228203897000129729967e- 03,
. 204309257604658876916644980097327372892008586047095719636829e- 03,
. 074380696351291355073899234941719080473877020595209197706651e- 03,
. 727305847336937211749282358350196461733595290569540045817329e- 04,
. 908329007590351474487792254066540683724948757382104652497458e- 04,
. 393166251766185755059005296958129844094063524324718175254673e- 06,
. 780431898251245351831728023200069586928513661382622116969992e- 04,
. 160438516273709306234368807933932360567787692918883118883736e- 05,
. 929564423417301834310231482621574127409950921583062559483686e- 05,
. 423335398816890365621188379922041046073808819182024026589770e- 05,
. 070805757828453800203677464921508178468256685438211818575040e- 06,
. 866121366757736169176034432364298134186929098274651022820760e- 06,
.607516102879771631230351118595069330196155459105589342866625e- 07,
. 288371276141527305481395545993763010565968667577768164201792e- 06,
. 426923407952870147984002129341809185622768353983550670755106e- 07,
. 985791291985944076942626511739220753169387460984290019185514e-07,
. 822443332571053437467128998002798233969112236553215291639303e- 07,
. 377972703730854377516206663481869099376154259897212784144779e- 08,
. 987838198518880722819502850814936369197384392561970319349663e- 08,
. 672863576838181340505563759379169099717712645283448779390320e- 09,
.111211857347453839549366593998758891130921028374576213256027e- 09,
.671392677251932495173219614104411841891545601521784559793012e- 09,
. 496402105246193648073519269370197331176405371538404298745013e- 10,
. 426833102305682309891302883361232297664099485514601790344279e- 10,
- 3.049574453945863430361296931455141500128170151643206937547928e- 11,
-1.420236859889936792437077844940412749343225644487770840543290e- 11,
5.509414720765524548752673631197714447818740985929081064907524e- 12,
- 3. 343481218953278765982532722689984725170758193566174566492199e- 13,
-2.152488386833302618520603545685994753329478275805993737095214e- 13,
6.214740247174398315576214699577230693021307854673557214652751e- 14,
-7.196510545363322414033654470779070592316600780697558361083151e- 15,
3.289373678416306368625564108782095644036415401902518812978798e- 16} ;

1
NNPFPOOOWWWRFRWRANWOONMAAPRARERPLPPEAEARNEPEPPONMNERERNNERPWDN

const doubl e Daub34[68] = {
5.770510632730285627466067796809329117324708919047900817738025e- 06,
1.299476200679530037833484815390569400369432658207722720405084e- 04,
1. 364061390059049998200014449396877439591680435610837369411339e- 03,
8.819889403884978803182764563095879335330977939541630862804757e- 03,
3.904884135178594138905026219591569204043816577941517019631916e- 02,
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1.241524821113768081954449898210969172708199672428635378051285e- 01,
2.877650592337145629334256618087718872558560120999651277991839e- 01,
4.784787462793710621468610706120519466268010329031345843336104e- 01,
5. 305550996564631773133260223990794445605699030503652382795600e- 01,
2.903663295072749510455945186199530115755664977934564128822650e- 01,
-1.282468421744371672912377747048558427612774932943748628650824e- 01,
- 3. 315253015083869417715548463087537345035828886426345397256876e- 01,
-1.038919155156404718287260506925867970596448618647006698388596e- 01,
2.169072201874275950610018667099322465619408030256534197819784e- 01,
1. 666017504122074437311574334509261366682993700573488534577890e- 01,
-1.273373582238011562843862636988693890108793629966541695807247e- 01,
-1.609249271778668063014799490429649196614628857267382976958607¢e- 01,
7.799184693794810738265349531832015087096882277333968473726399%e- 02,
1. 341259602711361284802399913977387999358280900708582462625539¢- 01,
-5.448296806413904636632671383140642554265865948686157271017286e- 02,
-1.029475969928140852342073823689090498245496056845473569066667e- 01,
4.357609464963129726428486610925800727137724136370669421246609¢e- 02,
7.318523543679560555546221335452045680757998947493883124934567e- 02,
-3.701283841786244960356402125554190040750079009127461655784927¢e-02,
-4.743855964527776247220681410983851377889756018716427358008296e- 02,
3.073974657395934459931226513844134346305562928466993208164603e- 02,
2.722835075635419610095839895805858855202745897718117731496534e- 02,
-2.367173792282636485046786438094940427456079528043555566867110e- 02,
-1. 314398001665716086105827506126287041342680578404007359439612e- 02,
1. 640937419986519252112261495537409592363156309874473310057471e- 02,
4.713649260999809905918876125437488856235874027077755004539205e- 03,
- 1. 004550670836151917439146861146431000364858401181337134891421e-02,
-6.194748845153872839014356621835501857322345445234809347431098e- 04,
5. 334950768759936032170270195983921511565539100791906952901398e- 03,
-7.692127975067836975989490900561029844887285335804349474993607e- 04,
- 2.399453943537055863933124827688081952701780599883067560501870e- 03,
8. 589959874363661955444898475746536583497522107459291718900058e- 04,
8. 751999064078688732610570055224339733760304773327228476255647e- 04,
-5.527355762144197975516415296735124460550632283763688359649888e- 04,
-2.326732140233531635428863212833942245597361085708567528230733e- 04,
2.650772397558057819755811309071002543822145660933016957735937e- 04,
2.660050018453441903046828468025589086403126180798464347801678e- 05,
-9.914697770780134603580350758869378471802751837608461971022567e- 05,
1. 353117227249649581251887376414486225127346352042209141315562e- 05,
2.844951419697807376503080001943765930601242225183893658540032e- 05,
-1.057657494257950623848316304755218120233253479317574337409622e- 05,
-5.710826510998303938275050074333400305512451419983646591762318e- 06,
4.169871758547028398316761659984928804362023643629741358799744e- 06,
4.979718101421307748081857636471761057429219265531618602960147¢e-07,
-1.116306534817008428597995070751765080383261658112656948526954¢e- 06,
1. 448195708333185127061180618150009526758658641231104901703561e-07,
2.025990666667859216690536885693725545344933235432307649205497e- 07,
-7.526701740412589411177481797841044281662555785969415398369019e- 08,
-1.990346501531736915866180448337614967570744211158241514589121e- 08,

http://www.musicdsp.org/showone.php?id=20 (28 of 35) [11/10/2002 12:52:50 AM]



Coefficients for Daubechies wavelets 1-38

. 740423332936068076497051274445147160190783847854409836489662e- 08,
. 665744261368722215864741166245385888818567571145958531936939e- 10,
. 316501946995482751582294240136010067415084499025753117941001e- 09,
. 446378210323402313101214894500231181606520211579581132442548e- 10,
. 300410318609415248880403259300467720631189120978928377152233e- 10,
. 904774537632409015479530333979124540183199174591377762845227e- 11
. 004208735461769864836516428998306778031143650101842361622330e- 11,
. 080125354000167254059025929915591291115751734288584563131636e- 12,
.107879108915301546285370395443778864676275235126044599683271e- 12,
. 799451158211597727901178520526388692140586041163624252991805e- 14,
. 579194051799733179793112298652600511486581216528683482143106e- 14,
. 317083703906408481078257081903089523234020423092175261925515e- 14,
. 587338381935699555813538163144986688834142571207152879144731e- 15,
. 148944754480590128244815794312606245147888158018823490936280e- 16} ;

P NNOONOOFR OFRPODNOER

const doubl e Daub35[70] = {
4.067934061148559026665247110206084571051201477121972612218005e- 06,
9.421469475576740631603027533116630224451049736050903361458759e- 05,
1.019122680375098109319314672751485080202557607467199213778085e- 03,
6. 807292884319132011971333979015625113494050642797397817625326e- 03,
3.123628851149071453063391210769353068187088999495893257051179e- 02,
1.034044558614783789938787754929279183985553322796063517049140e- 01,
2.513073789944933128513251971488905042866779761014740192816902e- 01,
4.435927392240354378183910489448494594782039032807956294826105e- 01,
5. 370084275091661028670690231716974547580034932361053607723887e- 01,
3.603456405180473278744458573988718422538114217890792270621563e- 01,
4.388388187393404111343479394097224312100349011932028865098625e- 02,
3.238228649121161212147302807993176715625480327235512530593160e- 01,
1.817869767667278325788350264528191676841493369460849123538616e- 01,
1.660413574907809195438433327470947940538097914525298064477785e- 01,
2.172992893210892977675493456199559114036326358517672106972956e- 01,
-6.526287131067753892154895911331108284007380738865652420304233e- 02,
-1.919195892985939528760786800798636198516495957924798820500876e- 01,
1. 930954466601835091947734585938109944647435243484967057775110e- 02,
1.552924803962371144206753760712566993987319378965231186477630e- 01,
-4.752680834111350445288110998030979143710864689041902167119118e- 03,
-1.205855226433935545076589480704957722635324456812322150437989e- 01,
4.734229172641948763293980314992213293971770695480616789828384e- 03,
8.991354757072954417865374195261962983644048998218233900481856e- 02,
- 9. 318558949903924837875002823617504227246562152671894579504378e- 03,
- 6. 335603744044346612098887534020545705731671718057964802006671e- 02,
1. 322854958503655524455929847605110719648746890497356808289302e- 02,
4.125469306470509212749750814299126656151504805845417994651417e- 02,
-1.436683978422007182104025173214012797788904894291716373493525e- 02,
-2.416949780166026740294880681731084091264533168816746227537030e- 02,
1.276645671565674419403918018742432714973656598227939824940035e- 02,
1.228943600811871086161967625814297050611100200023898377949151e- 02,
-9.577797899235709998147309703713518608283233882793489733491642e- 03,
-5.085991649233429881797636583578921194675393807761154549733547e- 03,
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. 137754586740521089596801883631921221145712545042519987641234e- 03,
.428088794070762107355585870669842132609159040625895090070111e- 03,
. 357644380922383229567732565298665639037348585961127075507937e- 03,
. 615969435172736546769649923895317451534703066016116257300160e- 06,
. 549637469702362975561719246539787717204438637997824935787688e- 03,
. 346692164250854961608526121524596908041109918361306282201310e- 04,
. 864810318991817532175809224131456738367101035694188223408841e- 04,
. 648328819961289039302810122699710966048565368047575218693134e- 04,
. 700012283661249043584690194716767771204207742625746308522935e- 04,
. 365883072261161602559926714744746422567509177443594045709653e- 04,
. 976995962848509743944225866488519668585242655980656646544319e- 05,
. 304143122913310222538317980686374696005605533475685587486683e- 05,
.437001526827789860990429478540556752694389693432668831073769e- 06,
. 572442077270281693663288966405861215692805972737981986121447e- 05,
. 308047861716731191350493437937513220737450410132878032163179e- 06,
. 353345862871309889390877168046133657377105681618708355266688e- 06,
. 895929617693153288493891051875444439753318548105998166574535e- 06,
. 903931733287306166657519468494511920760767388397825775326745e- 07,
. 302368616904760917074352633915743250769600635829229600812520e- 07,
. 700308378205124537986402644918879149894035910106489082512364e- 08,
. 990396944534900755781728477561240762191443422318249128866740e- 08,
. 008188650719066928230268918661718274504955045022550217051301e- 08,
. 084902733789934825266560240100449884702749303326571747323086e- 08,
. 458116552893037631192407611262788593505988638365840409367117e- 09,
. 897951310384361575470355861162022501172491937837712969865619e- 11,
. 030823345485433383811700481488557422005210168069163779730908e- 09,
. 433545573751672936168877250405940817227367937230289801251648e- 10,
. 407938256501889018430608323235974406219193176918284664973727e- 11,
. 000536627253744510742788201354093006471710416671002244302586e- 11,
. 125639357108557540598098228678150768528121565391376265627294e- 12,
. 567065476155081449204643852428401530283519685638256074752850e- 12,
. 015088533687900921948605418789324826115616416343391081288979e- 13,
-2.597954328893848084315198205094389145706680129208998638802995e- 14,
-3.397720856796267431956783825659069596940335130100871912329556e- 14,
8.624037434720089202680337663692777682810714650060805832406135e- 15,
-9.298012529324185420921555664719863501848315099116725184370339e- 16,
4.014628712333488654318569164614220308046021091178184654250982e- 17} ;

PONRPFPUUOONPRPWOWOUOWERWPRAEPNONPEPERPNOOWOERP~NWEREO

| I |
0N W

const doubl e Daub36[72] = {

. 867925182755946334630479473029238615535511775894262711054705e- 06,
. 826028678546358691748629102209605362240344266505035981791715e- 05,
.602151099668488285869792677106082100141275054892389379198545e- 04,
. 240297377409884366201603524392995696042174937194435235003941e- 03,
. 489056564482796484885927333959115579403023347044729739255255e- 02,
. 565209259526409083864716995521111486437594750377856524772704e- 02,
. 177569530979008149637945915719999746248969705650625533415876e- 01,
. 064336977082553467407793990250384445903151630768558142125382e- 01,
. 322668952607286914777444748641462027213554723153906901129337e- 01,
. 178753356009697863620634559374236455222275302996931178265919e- 01,

PO BADNONOONODN
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. 397519752934862993862182898358763783110745559238982179690132e- 02,
. 944210395891145711100715969898758940722458887377844633443675e- 01,
.468070369781255270524798278622698446566520718230313889086016e- 01,
. 811420416311477050518401371401568038943437322299913514049728e- 02,
. 465372776089742110529709111809595434656418762898152706621356e- 01,
. 278515095792229009687682299460382878643139026668958884429641e- 03,
. 993372056086496198603363400094784142714162256792182570541036e- 01,
. 586140074639271639145126228774831743002971373998329604574394e- 02,
. 541062366276428841776316300420654875883842819413623395358262e- 01,
. 027618007353842862036816972809884096761706036019748316890913e- 02,
. 188037543101356316801816931383547446073152951044444224449501e- 01,
. 988085357551317584091699967924044034100374257075864260934102e- 02,
. 115678225801654406336059281306715151058903055370522031843771e- 02,
. 503872144956848989919484296709846860569180993040383621980546e- 02,
. 820901663681751124880436344265538690580358108714540763125119e- 02,
.131910031681742794381808082173695022123056280821611354577/883e- 02,
. 851308354780908538616267662315735632292989749013261207046367e- 02,
.424972661765391603147802607378542396323429657660009755652404e- 03,
. 198072067763969654470293513742344601172739688274251641873778e- 02,
. 984040198717004857397179486790082321314291366656151213429068e- 03,
. 906359478062535932877576164368198274858108513696832728889209e- 02,
. 657813245058818380424016973516714570499161434975761798379020e- 03,
. 990263473281372348001743806489172665465685056975652497503772e- 03,
. 022989106665829004699819220796538830393945994687289792465541e- 03,
. 413484835350575251918616780287775585471012556848037301025999e- 03,
. 484541445404883311209541395428535732697661971818727286003028e- 03,
. 503074066296643749549363655363411879858070202740814054964603e- 03,
. 990793771851737270404293245701878186600899439513475823305914e- 03,
. 776812795712026068152384207605140383490242756921936501940389e- 04,
.463403823261101964604918059447913047725482130063492242779878e- 04,
. 614565758992702032613879159402330909634737204578606399403107e- 05,
. 693507284967510502620040341882236687749563414433432842567511e- 04,
. 155118895843527096848376999413102395191976350936666573818799e- 04,
. 131899468084665671727391922924411467938450743565106978099456e- 04,
.694741196930590257104231749283786251555566773398199990337698e- 05,
. 375106683660860777161950832380341362257503761490580896617678e- 05,
. 731390824654337912922346414722045404779935825834384250023192e- 05,
. 183471059985615942783182762352360917304348034947412986608322e- 06,
. 372218198160788432628056043217491552198857358432112275253310e- 06,
. 586145782434577495502614631566211839722879492827911790709498e- 06,
. 870811602859180713762972281154953528056257451900381097476968e- 06,
. 311421279707778528163597405935375886855029592150424544500718e- 07,
. 548423522556577831218519052844387478819866531902854523544709e- 07,
. 455377658434232699135878286794578515387138194247693201846263e- 07,
. 753249073339512254085076456700241929492720457889076058451072e- 09,
. 799043465450992009934526867650497683545716858606119786327559e- 08,
. 156093688817008406756913949175208452083765368825442482226093e- 08,
. 612784343327791397474114357094368557982413895802980814813369e- 09,
. 138841695782424018351567952158415003571380699236147752239001e- 09,
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. 090815553713751810964713058800448676068475673611349566405716e- 10,
. 512545778563249634425200856088490195004077806062978067796020e- 10,
. 962418203859611987065968320295929679774693465791367610044773e- 11
. 037429098112535221800013609576297196061786927734556635696416e- 11,
. 599716689261357143200396922409448515398648489795044468046420e- 11,
. 876846287217374213524399682895564055949886050748321818411161e- 13,
. 070969357114017002424433471621197579059927261727846375968378e- 12,
. 029285026974877268896134589769473854669758797446795757329862e- 13,
. 542263182639804235231685861028995158694397223907295269180336e- 15,
. 338071386299105896025578761458472955294763310766371178363783e- 14,
. 204628543401749860439316638848579711789176444320134355253750e- 15,
. 339971984818693213132578777712503670014459411167839211495237e- 16,
.403274175373190617489823209168013922564353495443487431242610e- 17} ;

P WWFRLROITWEFRORF, WA~

const doubl e Daub37[74] = {

. 022060862498392121815038335333633351464174415618614893795880e- 06,
. 942343750628132004714286117434454499485737947791397867195910e- 05,
.662418377066724013768394373249439163518654840493603575144737e- 04,
. 024140368257286770702140124893772447952256842478891548092703e- 03,
. 976228615387959153244055502205017461538589475705618414896893e- 02,
. 058482597718160832030361890793007659963483925312132741868671e- 02,
. 873263318620649448028843491747601576761901656888288838192023e- 01,
. 684409724003061409445838616964941132670287724754729425204047e- 01,
.181670408556228873104519667534437205387109579265718071174178e- 01,
. 622075536616057145505448401528172070050768534504278694229363e- 01,
. 308789632330201726057701201017649601034381070893275586898075e- 01,
.461804297610834132869018581145720710365433914584680691693717e- 01,
. 943759152626617722808219575932673733674290772235644691367427e- 01,
. 967150045235938977077768648740052380288156507222647187301894e- 02,
. 515232543602686933435224095078166291442923992611593827552710e- 01,
.180602838721862339029076982652411696000045533716726027662147e- 02,
. 819622917786080007408824256525225216444443143868752611284260e- 01,
. 084517138233017845554078812341876568514835176341639783558543e- 01,
. 299296469598537527842528895259188653120602318620944502979726e- 01,
.017802968388141797470948228505865617480048287983176581607964e- 01,
. 660754061668439030915405045955772715988585374771282291315496e- 02,
.233021190655740867404073660920379414988302492018783774702028e- 02,
. 504761994836017933579005072594245435071674452882148228583865e- 02,
. 956741087152995245435589042520108066877114768216272503684398e- 02,
. 925681563265897095153806724965924334077555174281436189512239%e- 02,
. 825382947938424882011108885090442116802994193611884738133373e-02,
. 580794415126833246633256156110381805848138158784734496981778e-02,
. 097280059259754883313769469036393294461497749083921162354229e- 02,
. 352358406410096994358662875913243067234786296009238949920582e- 02,
. 833493890410232394064187990625563257107429109130726291528648e- 03,
. 261865154459947356571431658958802912061105608212828675323452e- 02,
. 690472383484423743663952859090705636512807161536954018400081e- 03,
. 376398196289478433857985486097070339786225136728067000591187e- 02,
. 519305778833399218481261844599507408563295102235964076544334e- 03,

1
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. 387757452855583640107787619408806919082115520707105052944171e- 03,
. 248053187003824706127276829147166466869908326245810952521710e- 03,
. 394523276408398601988475786247462646314228994098320665709345e- 03,
. 816871343801423525477184531347879515909226877688306010517914e- 03,
. 263934258117477182626760951047019242187910977671449470318766e- 03,
. 111484865318630197259018233162929628309920117691177260742614e- 03,
. 280788470880198419407186455190899535706232295554613820907245e- 04,
. 490532773373631230219769273898345809368332716288071475378651e- 04,
. 534439023195503211083338679106161291342621676983096723309776e- 05,
. 208944032455493852493630802748509781675182699536797043565515e- 04,
. 336726125945695214852398433524024058216834313839357806404424e- 05,
. 055138782065465075838703109997365141906130284669094131032488e- 05,
. 098662927619930052417611453170793938796310141219293329658062e- 05,
.639162496160583099236044020495877311072716199713679670940295e- 05,
. 354327718416781810683349121150634031343717637827354228989989e- 05,
. 849945003115590390789683032647334516600314304175482456338006e- 06,
. 309941556597092389020622638271988877959028012481278949268461e- 06,
. 854731396996411681769911684430785681028852413859386141424939e- 07,
. 002121399297177629772998172241869405763288457224082581829033e- 06,
. 494948603445727645895194867933547164628229076947330682199174e-07,
. 509885388671583553484927666148474078148724554849968758642331e- 07,
. 109031232216439389999036327867142640916239658806376290861690e- 07,
. 350657515461434290618742656970344024396382191417247602674540e- 09,
. 252193836724805775389816424695618411834716065179297102428180e- 08,
. 224485706362419268050011630338101126995607958955688879525896e- 09,
. 7193974465953982659829387370821677112004867350709951380622807e- 09,
. 297205001469435139867686007585972538983682739297235604327668e- 09,
. 031411129096974965677950646498153071722880698222864687038596e- 10,
. 946164894082315021308714557636277980079559327508927751052218e- 10,
. 203398244123241367987902201268363088933939831689591684670080e- 11
. 398415715537641487959551682557483348661602836709278513081908e- 11,
. 334955440973913249611879065201632922100533284261000819747915e- 12,
-2.096363194234800541614775742755555713279549381264881030843258e- 13,
-4.421612409872105367333572734854401373201808896976552663098518e- 13,
1. 138052830921439682522395208295427884729893377395129205716662e- 13,
-4.518889607463726394454509623712773172513778367070839294449849e- 16,
-5.243025691884205832260354503748325334301994904062750850180233e- 15,
1. 189012387508252879928637969242590755033933791160383262132698e- 15,
-1.199280335852879554967035114674445327319437557227036460257649e- 16,
4.906615064935203694857690087429901193139905690549533773201453e- 18} ;
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const doubl e Daub38[76] = {

. 425776641674131672055420247567865803211784397464191115245081e- 06,
. 576251994264023012742569014888876217958307227940126418281357e- 05,
.211702664727116432247014444906469155300573201130549739553848e- 04,
. 083088119253751774288740090262741910177322520624582862578292e- 03,
. 563724934757215617277490102724080070486270026632620664785632e- 02,
. 788994361285925649727664279317241952513246287766481213301801e- 02,
. 600719935641106973482800861166599685169395465055048951307626e- 01,
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3.307757814110146511493637534404611754800768677041577030757306e- 01,
4.965911753117180976599171147718708939352414838951726087564419e- 01,
4.933560785171007975728485346997317064969513623594359091115804e- 01,
2.130505713555785138286743353458562451255624665951160445122307e- 01,
-1.828676677083358907975548507946239135218223185041410632924815e- 01,
-3.216756378089978628483471725406916361929841940528189059002548e- 01,
-6.226650604782432226643360160478765847565862101045597180310490e- 02,
2.321259638353531085028708104285994998671615563662858079262996e- 01,
1.499851196187170199586403453788927307298226028262603028635758e- 01,
-1.417956859730596216710053144522330276392591055375830654519080e- 01,
-1.599125651582443618288533214523534937804208844386102639177693e- 01,
8.563812155615105741612217814369165313487129645536001850276987e- 02,
1.414147340733826800884683119379170594092606174915755283496153e- 01,
-5.658645863072738145681787657843320646815509410635114234947902e- 02,
-1.147311707107443752394144019458942779715665489230169950201022e- 01,
4.309589543304764288137871223616030624246568683595408792078602e- 02,
8. 720439826203975011910714164154456762073786124233088471855868e- 02,
- 3. 660510340287429567372071039506772372567938710943432838908247e- 02,
-6.176620870841315993604736705613246241897497782373337911398117e-02,
3.198987753153780630818381136366859026137035450576631134176875e-02,
4.005498110511594820952087086241114309038577379366732959648548e- 02,
-2.689149388089451438550851767715967313417890393287236700072071e-02,
-2.311413402054931680856913553585621248925303865540203357180768e- 02,
2.090464525565524340215982365351342094670261491526831672682244e- 02,
1.129049727868596484270081487761544232851115891449843967151657e- 02,
-1.470188206539868213708986402816605045648481224662435114088245e- 02,
-4.131306656031089274123231103326745723188134548520938157995702e- 03,
9.214785032197180512031534870181734003522861645903894504302286e- 03,
5.625715748403532005741565594881148757066703437214522101740941e- 04,
-5.071314509218348093935061417505663002006821323958752649640329e- 03,
7.169821821064019257784165364894915621888541496773370435889585e- 04,
2.400697781890973183892306914082592143984140550210130139535193e- 03,
- 8. 448626665537775009068937851465856973251363010924003314643612e- 04,
-9.424614077227377964015942271780098283910230639908018778588910e- 04,
5.810759750532863662020321063678196633409555706981476723988312e- 04,
2.817639250380670746018048967535608190123523180612961062603672e- 04,
- 3. 031020460726611993600629020329784682496477106470427787747855e- 04,
-4.555682696668420274688683005987764360677217149927938344795290e- 05,
1. 262043350166170705382346537131817701361522387904917335958705e- 04,
-1.155409103833717192628479047983460953381959342642374175822863e- 05,
-4.175141648540397797296325065775711309197411926289412468280801e- 05,
1. 334176149921350382547503457286060922218070031330137601427324e- 05,
1. 037359184045599795632258335010065103524959844966094870217687e- 05,
-6.456730428469619160379910439617575420986972394137121953806236¢e- 06,
-1.550844350118602575853380148525912999401292473185534395740371e- 06,
2.149960269939665207789548199790770596890252405076394885606038e- 06,
- 8.487087586072593071869805266089426629606479876982221840833098e- 08,
-5.187733738874144426008474683378542368066310000602823096009187e-07,
1. 396377545508355481227961581059961184519872502493462010264633e- 07,
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. 400351046895965526933587176781279507953080669259318722910523e- 08,
. 884757937459286762082185411608763964041010392101914854918157e- 08,
.424274800287298511126684174854414928447521710664476410973981e- 09,
. 034704539274858480924046490952803937328239537222908159451039e- 08,
. 436329487795135706854539856979275911183628476521636251660849e- 09,
. 349197753983448821850381770889786301246741304307934955997111e- 09,
. 261132557357598494535766638772624572100332209198979659077082e- 10,
. 732336490189308685740626964182623159759767536724844030164551e- 11
. 278256522538134727330692938158991115335384611795874767521731e- 11
. 101692934599454551150832622160224231280195362919498540913658e- 11
. 291537317039508581580913620859140835852886308989584198166174e- 12,
. 484789237563642857043361214502760723611468591833262675852242e- 12,
.626496504065252070488282876470525379851429538389481576454618e- 14,
. 808661236274530582267084846343959377085922019067808145635263e- 13,
. 249817819571463006966616371554206572863122562744916796556474e- 14,
. 563397162127373109101691643047923747796563449194075621854491e- 16,
. 045099676788988907802272564402310095398641092819367167252952e- 15,
. 405307042483461342449027139838301611006835285455050155842865e- 16,
. 304596839558790016251867477122791508849697688058169053134463e- 17,
. 716152451088744188732404281737964277713026087224248235541071e- 18} ;
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Constant-time exponent of 2 detector

Constant-time exponent of 2 detector

References : Posted by Brent Lehman (mailbjl[AT]yahoo.com)

Notes:

In your common FFT program, you want to make sure that the frame you're working with has a
sizethat isapower of 2. Thistellsyou in just afew operations. Granted, you won't be using this
algorithm inside aloop, so the savings aren't that great, but every little hack helps;)

Code:
[l Quit if size isn't a power of 2
if ((-size ™ size) & size) return;

[l If size is an unsigned int, the above m ght not conpile.
/1 You' d want to use this instead:

if (((~size + 1) ™ size) & size) return;
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Conversions on a PowerPC

Type: motorola ASM conversions

References : Posted by James McCartney

Code:

double ftod(float x) { return (double)Xx;
00000000: 4E800020 blr

/[l blr == return fromsubroutine, i.e. this function is a noop

fl oat dtof(double x) { return (float)Xx;
00000000: FC200818 frsp fpl, fpl
00000004: 4E800020 blr

int ftoi(float x) { return (int)x;

00000000: FCO0081E fctiwz f po, f pl
00000004: DSO1FFFO stfd f poO, - 16( SP)
00000008: 8061FFF4 |wz r3,-12(SP)
0000000C; 4E800020 bl r

int dtoi (double x) { return (int)Xx;

00000000: FCO0081E fctiwz f po, f pl
00000004: DSO1FFFO stfd f po, - 16( SP)
00000008: 8061FFF4 |wz r3,-12(SP)

0000000C: 4E800020 bl

double itod(int x) { return (doubl e)Xx;

00000000:
00000004:
00000008:
0000000C:
00000010:
00000014:
00000018:
0000001C:

fl oat
00000000:
00000004:
00000008:
0000000C:
00000010:
00000014:
00000018:

0000001C:

C8220000
6C608000
9001FFF4
3C004330
9001FFFO
C801FFFO
FC200828
4E800020

itof (int x) {

C8220000
6C608000
9001FFF4
3C004330
9001FFFO
C801FFFO
EC200828

4E800020

| fd
XOoris
stw
lis
stw
| fd
fsub
bl r

fpl, @558( RTOC)
ro, r3, $8000

ro, - 12( SP)
r0, 17200
ro, - 16( SP)

f p0O, - 16( SP)
fpl, fpo,fpl

return (float)x;

[ fd
Xoris
stw
lis
stw
[ fd
f subs

bl r

fpl, @558( RTOC)
ro, r3, $8000

ro, - 12( SP)
r0, 17200
ro, - 16( SP)

f p0, - 16( SP)
fpl, fpoO, fpl
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Cubic interpollation

Type: interpollation
References : Posted by Olli Niemitalo
Linked file : other001.gif (thislinked file isincluded below)

Notes:
(seelinkfile)
finposisthe fractiona, inpos the integer part.

Code:

xnml = x [inpos - 1];

x0 = x [inpos + 0];

x1 = x [inpos + 1];

x2 = x [inpos + 2];

a = (3 * (x0-x1) - xnl + x2) / 2

b = 2*x1 + xmL - (5*x0 + x2) / 2;

c = (x1 - xm) / 2;

y [outpos] = (((a * finpos) + b) * finpos + c) * finpos + xO;

Linked files

no interpolation
sanplerates 2 linear interpolation

cubic interpolation -2
ideal interpolation {Hernmite curvel

-30
E_g -3

-42

-54
-6
-iff
72
78
-54
-0

-102

-10&
4+ sound distortion| =

-114

Hz 2828 4000 5657 8000 1131 1600 2263 3200 4535 G400 9051 1280 1810 2860 3620 5120 3 10240 14482
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Cubic polynomial envelopes

Cubic polynomial envelopes

Type: envellope generation
References : Posted by Andy Mucho

Notes:

This function runs from:

startlevel at Time=0

midlevel at Time/2

endlevel at Time

At moments of extreme change over small time, the function can generate out
of range (of the 3 input level) numbers, but isn't really a problemin

actual use with real numbers, and sensible/real times..

Code:
time = 32
startlevel =0

m dl evel = 100
endl evel = 120

k = startlevel + endlevel - (mdlevel * 2)
r = startl evel

s = (endlevel - startlevel - (2 * k)) / tine
t =(2* k) / (time * tinme)

bigr =71

bigs =s +t

bigt =2 * t

for(int i=0;i<time;i++)

{

bigr = bigr + bigs

bigs = bigs + bigt

}
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Delay time calculation for reverberation

References : Posted by Andy Mucho

Notes:

Thisisfrom some notes | had scribbled down from awhile back on
automatically calculating diffuse delays. Given anintial delay line gain
and time, calculate the times and feedback gain for numlines delay lines..

Code:

i nt nunl i nes = 8;

float t1 = 50.0; [/ dO tinme
float gl = 0.75; /1 dO gain

float rev = -3*t1 / |logl0 (gl);

for (int n = 0; n < numines; ++n)

{
float dt =t1 / pow (2, (float (n) / numines));
float g = pow (10, -((3*dt) / rev));
printf ("d% t=% 3f g=%3f\n", n, dt, g);

}

The above with t1=50.0 and g1=0.75 yi el ds:

do t=50.000 g=0.750
d1l t=45.850 g=0.768
d2 t=42.045 g=0.785
d3 t=38.555 g=0.801
d4 t=35.355 g=0.816
d5 t=32.421 g=0.830
d6 t=29.730 g=0.843
d7 t=27.263 g=0. 855

To go nore diffuse, chuck in dual feedback paths with a one cycl e del ay
effectively creating a phase-shifter in the feedback path, then things get
nore exciting.. Though what the optimum phase shifts would be | coul dn't

tell you right now.
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Denormal DOUBLE variables, macro

References : Posted by Jon Watte

Notes:
Use this macro if you want to find denormal numbers and you're using doubles...

Code:
#i f PLATFORM | S Bl G ENDI AN

#defi ne | NDEX 0O

#el se

#define | NDEX 1

#endi f

inline bool is _denormal ( double const & d ) {
assert( sizeof( d ) == 2*sizeof( int ) );

int I = ((int *)&d)[I|NDEX];
return (I &x7fe00000) != O;
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Denormal numbers

References: Compiled by Merlijn Blaauw
Linked file : other001.txt (thislinked file isincluded below)

Notes:
this text describes some ways to avoid denormalisation. Denormalisation happens when FPU's go mad processing very
small numbers

Linked files

Denor mal nunbers

Here's a small recap on all proposed solutions to prevent the FPU from
denormal i zi ng:

When you feed the FPU really small values (what's the exact 'threshold
value?) the CPUw Il go into denormal node to maintain precision; as such
precision isn't required for audio applications and denornal operations are
MJUCH sl ower than normal operations, we want to avoid them

Al'l nethods have been proposed by people other than me, and things | say
here may be inaccurate or conpletely wong :). "Algorithns' have not been
tested and can be inplenented nore efficiently no doubt.

If I made sone horrible mstakes, or left sonme stuff out, please |let ne/the
[ist know.

** Checki ng denornmal processing sol ution:

To detect if a denormal nunber has occured, just trace your code and
| ook up on the STAT FPU register ... if 0x0002 flag is set then a denornal
operation occured (this flag stays fixed until next FINT)

** Checki ng denormal macro sol ution:
NOTES:

This is the | east conputationally efficient nethod of the Iot, but has the
advant age of bei ng i naudi bl e.

Pl ease note that in every feedback | oop, you should al so check for
denormal s (rendering it useless on algorithnms with |oads of filters,

f eedback | oops, etc).

CODE
#define IS _DENORMAL(f) (((*(unsigned int *)&f)&x7f800000) ==0)
/1 inner-Ioop:

isl
i s2

*(++inl); isl
*(++in2); is2

| S DENORVAL(isl1l) ? O.f : is1;
'S DENORMAL(is2) ? O0.f : is2;

** Addi ng noi se sol ution:
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NOTES:

Less overhead than the first solution, but still 2 nem accesses. Because a
nunber of the values of denormal Buf will be denormals thensel ves, there
will always be *sone* denormal overhead. However, a small percentage
denormal s probably isn't a problem

Use this eq. to calculate the appropriate value of id (presum ng rand()
generates evenly di strubuted val ues):

id = 1/ percent ageO Denor mal sAl | owed * denor mal Threshol d

(I do not know the exact val ue of the denormal Threshold, the value at which
the FPU starts to denornal).

Possi bl e additions to this algorithminclude, noi seshaping the noise
buffer, which would allow a smaller val ue of percentageC Denor nal sAl | owed
wi t hout becomm ng audi ble - however, in sone algorithnms, with filters and
such, | think this m ght cause the noise to be renoved, thus rendering it
usel ess. Checking for denormal s on noi se generation mght have a sim|ar
effect | suspect.

CODE

/!l on construction
fl oat **denornmal Buf = new fl oat[getBl ockSi ze()];

float id = 1. 0E-20;

for (int i = 0; i < getBlockSize(); i++)
{

}

/1 inner-Ioop:

denormal Buf[i] = (float)rand()/32768.f * id;

fl oat noi se = *(++noi seBuf);
isl = *(++inl) + noise;
is2 = *(++in2) + noise;

** Flipping nunber sol ution:

NOTES:

In ny opinion the way-to-go nethod for nost applications; very little
overhead (no conpare/if/etc or nmenory access needed), there isn't a

percentage of the values that will denormal and it will be inaudible in
nost cases.
The exact value of id will probably differ fromalgorithmto algorithm but

t he proposed val ue of 1.0E-30 seened too small to ne.
CODE

// on construction
float id = 1. 0E- 25;
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/1 inner-Ioop:

isl = *(++inl) + id;
is2 = *(++in2) + id;
id=-id;

** Addi ng of fset solution:
NOTES:

This is the nost efficient nethod of the lot and is al so i naudibl e.
However, sone filters will probably renove the added DC of fset, thus
rendering it usel ess.

CODE
/'l inner-Ioop:

isl
i s2

*(++inl) + 1.0E-25;
*(++in2) + 1.0E-25;

** Fix-up solution

You can al so wal k through your filter and clanmp any nunbers which are close

enough to being denormal at the end of each block, as long as your bl ocks are

not too large. For instance, if you inplenment EQ using a bi-quad, you can check
the delay slots at the end of each process() call, and if any slot has a nagnitude
of 107-15 or smaller, you just clanp it to 0. This will ensure that your filter
doesn't run for long tines with denormal nunbers; ideally (depending on the
coefficients) it won't reach 10"-35 fromthe 107-15 initial state within the tine
of one bl ock of sanpl es.

That solution uses the |east cycles, and also has the nice property of generating
absol ute-0 output values for long stretches of absolute-0 input values; the others
don't.
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Denormal numbers, the meta-text

References : Laurent de Soras
Linked file : denormal .pdf

Notes:

Thisvery interesting paper, written by Laurent de Soras (www.ohmforce.com) has everything
you ever wanted to know about denormal numbers! And it obviously descibes how you can get
rid of them too!

(see linked file)
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Type: fourier transform
References : Posted by Andy Mucho

Code:
Anal yseWavef orn(fl oat *waveform int franesize)
{
fl oat aa[ MaxParti al s];
fl oat bb[ MaxParti al s];
for(int i=0;i<partials;i++)
{
aali]=0;
bb[i]=0;
}

i nt hfs=framesizel/ 2;
fl oat pd=pi/hfs;
for (i=0;i<framesize;i++)
{
float w=wavefornii];
int im=i-hfs;
for(int h=0; h<partials; h++)
{
float th=(pd*(h+1))*im
aal h] +=wcos(th);
bb[ h] +=w*si n(t h);
}
}
for (int h=0; h<partial s; h++)
anp[ h] = sqgrt(aa[ h] *aa[ h] +bb[ h] *bb[ h] )/ hf s;
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Digital RIAA equalization filter coefficients

Type: RIAA
References : Posted by Frederick Umminger

Notes:
Use at your own risk. Confirm correctness before using. Don't assume | didn't goof something

up.
-Frederick Umminger

Code:

The "turntabl e-input software” thread inspired nme to generate sone
coefficients for a digital RIAA equalization filter. These coefficients
were found by matching the magni tude response of the s-domain transfer
function using sone proprietary Matlab scripts. The phase response nmay or
may not be totally whacked.

The s-donmain transfer function is

R3( 1+R1* Cl*s) (1+R2* C2*s) / (RL( 1+R2* C2*s) + R2(1+RL*Cl*s) +
R3( 1+R1* C1*s) ( 1+R2* C2*s))

wher e

R1 = 883. 3k
R2 = 75k

R3 = 604

Cl = 3.6n
C2 = 1n

This is based on the reference circuit found in
htt p: // ww. hagt ech. coni pdf / ri aa. pdf

The coefficients of the digital transfer function b(z"-1)/a(z”-1) in
descendi ng powers of z, are:

1. 00000000000000 -0.73845850035973 -0.17951755477430]

k
[ 0.02675918611906 -0.04592084787595 0. 01921229297239]
[
r +/- 0.25dB

0.02675918611906 -0.04592084787595 0. 01921229297239]
1. 00000000000000 -0.73845850035973 -0.17951755477430]
error +/- 0.15dB
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[ 0.04872204977233 -0.09076930609195 0. 04202280710877]
[ 1.00000000000000 -0.85197860443215 ~-0.10921171201431]
error +/- 0.01dB

96kHz

b = 0.05265477122714 -0.09864197097385 0. 04596474352090 ]
a = [ 1.00000000000000 -0.85835597216218 -0.10600020417219 ]
error +/- 0.006dB
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Discrete Summation Formula (DSF)

References: Stylson, Smith and others... (posted by Alexander Kritov)

Notes:

Buzz uses this type of synth.

For cool soundstry to use variable,

for example a=exp(-x/12000)* 0.8 // x- num.samples

Code:

doubl e DSF (double x, // input
double a, // a<l1l.0
double N, // N<Snmpl FQ 2,
double fi) // phase

{
double s1 = pow(a, N-1.0)*sin((N-1.0)*x+fi);
double s2 = pow(a, N)*si n( N*x+fi);
double s3 = a*sin(x+fi);
double s4 =1.0 - (2*a*cos(x)) +(a*a);
if (s4==0)
return O,
el se
return (sin(fi) - s3 - s2 +sl)/s4;
}
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Dither code

Type : Dither with noise-shaping

References : Posted by Paul Kellett

Notes:

Thisisasimple implementation of highpass triangular-PDF dither (a good general -purpose
dither) with optional 2nd-order noise shaping (which lowers the noise floor by 11dB below 0.1

Fs).

The code assumes input dataisin the range +1 to -1 and doesn't check for overloads!

To save time when generating dither for multiple channels you can re-use lower bits of a
previous random number instead of calling rand() again. e.g. r3=(rl & 0x7F)<<S8;

Code:
i nt
fl oat
fl oat
fl oat
fl oat
fl oat
fl oat
fl oat
i nt

rl, r2;

sl, s2;

s = 0.5f;

w = pow 2.0, bits-1);
w=1.0f/w

d = w / RAND MNAX;
o=w * 0.5f;

in, tnp;

out ;

//for each sample...

r2=ri,
ril=rand();

in+=s * (sl + sl - s2);
tnp = in+o0 +d?* (float)(rl - r2); //dc offset and dither

out = (int)(w* tnp);
i f(tnmp<0.0f) out--;

s2 =
sl =

sl;
in - W

* (float)out;

/I rectangul ar - PDF random nunber s
/lerror feedback buffers

//set to 0.0f for no noise shaping
//word length (usually bits=16)

/[1dither amplitude (2 |sb)
//renmove dc of fset

/'l can make HP-TRI dither by
/I subtracting previous rand()

[lerror feedback

//truncate downwards
/[lthis is faster than floor()

[l error
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References: Paul Kellett
Linked file : nsdither.txt (this linked file isincluded below)

Notes:
(seelinked file)

Linked files

Noi se shaped dither (March 2000)

This is a sinple inplenentation of highpass triangular-PDF dither with
2nd- order noi se shapi ng, for use when truncating floating point audio
data to fixed point.

The noi se shaping | owers the noise floor by 11dB bel ow 5kHz (@ 44100Hz
sanpl e rate) conpared to triangul ar-PDF dither. The code bel ow assunes
input data is in the range +1 to -1 and doesn't check for overl oads!

To save tinme when generating dither for nultiple channels you can do
things like this: r3=(rl & Ox7F)<<8; instead of calling rand() again.

i nt ri, r2; / I rect angul ar - PDF random nunbers
float sl1, s2; /lerror feedback buffers

float s = 0. 5f; //set to 0.0f for no noise shaping
float w = pow( 2.0, bits-1); //word length (usually bits=16)
float ww= 1.0f/w,

float d = wi / RAND MNAX; //dither anplitude (2 |sb)

float o = w * O0.5f; /'l renove dc of fset

float in, tnp;

I nt out ;

/'l for each sanple...

r2=rl;: // can make HP-TRI dither by
rl=rand(); // subtracting previous rand()
in += s * (sl + sl - s2); /1 error feedback

tmp =in+ o0 +d?* (float)(rl1 - r2); //dc offset and dither

out = (int)(w?* tnp); //truncate downwards
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i f(tnp<0.0f) out--;

s2 = s1,
sl in - w * (float)out;

paul . kel | et t @uaxi m abel . co. uk
http://ww. maxi m abel . co. uk

/[/this is faster than floor()

[l error
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Double to Int

Type: pointer cast (round to zero, or 'trunctate’)
References : Posted by many people, implementation by Andy M0Ocho

Notes:

-Platform independant, literally. Y ou have |EEE FP numbers, this will work, aslong as your not
expecting a signed integer back larger than 16bits :)

-Will only work correctly for FP numbers within the range of [-32768.0,32767.0]

-The FPU must be in Double-Precision mode

Code:

t ypedef doubl e |real

typedef float real

t ypedef unsigned | ong uint 32;
t ypedef |ong int32;

/12736 * 1.5, (52- _shiftam =36) uses limted precision to floor
/116.16 fixed point representation

const Ireal _double2fixmagic

68719476736. 0* 1. 5;
const int32 _shiftant 16

#1 f Bi gbndi an_
#define iexp_ 0

#define i man_ 1
#el se

#define iexp_ 1

#define i man_ 0

#endi f //Bi gEndi an_

/'l Real 21 nt
inline int32 Real 2Int(lreal val)

{
val = val + _doubl e2fi xmagi c;
return ((int32*)&val)[iman_] >> _shiftant

}
/'l Real 21 nt
inline int32 Real 2Int(real val)
{

return Real 2Int ((lreal)val);
}

For the x86 assenbler freaks here's the assenbl er equival ent:

__doubl e2fi xmagi ¢ dd 000000000h, 042380000h
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fld AFl oat i ngPoi nt Nunber
f add QAORD PTR _ doubl e2f i xnagi ¢
fstp TEMP

novsx eax, TEMP+2
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Early echo's with image-mirror technique

References: Donald Schulz
Linked file : early echo.c (this linked file isincluded below)

Linked file: early echo_eng.c (thislinked file isincluded below)

Notes:
(seelinked files)
Donald Schulz's code for computing early echoes using the image-mirror method. There's an english and a german version.

Linked files

/~k

From "Donald Schul z" <d.schul z@nx. de>

To: <nusi c-dsp@hoko. cal arts. edu>

Subj ect: [music-dsp] | nage-mirror nethod source code
Date: Sun, 11 Jun 2000 15:01:51 +0200

A while ago | wote a programto calculate early echo responses.
As there seens to be sone interest in this, | now post it into the
public domai n.

Have phun,

Donal d.
*/

/***********************************-k************'k***************************

*

Early Echo Computation using inmage-mrror method

Position of listener, 2 sound-sources, roomsize may be set.

Four early echo responses are calculated (fromleft sound source and
right sound source to left and right ear). Angle with which the sound
neets the ears is taken into account.

The early echo response fromleft sound source to left ear is printed
to screen for denonstration, the first table contains the delay tines
and the second one the wei ghts.

Programis released into the public domain.

*

*

*

*

*

*

*

*

*

*

* Sorry for german comrents : - (

* Some frequently used german words:
* hoerpos : listening position
* breite : width

* laenge : length

* hoehe : hei ght

* daenpfung : danping

* links : left

* rechts : right

* Chr . ear

* Wnkel : angle

* Wchtung : weight
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Nor mi erung : nornmalization

*
*
*
*

I f someone does sone inprovenents on this, | (Donald, d.schul z@nx.de)

* woul d be happy to get the inproved code.

*

***************************************************************************/

#i ncl ude <mat h. h>
#i ncl ude <stdi o. h>

#define early_l ength 0x4000
#define early_length_1 Ox3fff

#define early_tap_num 20 /*

#define breite 15.0
#define | aenge 20.0
#define hoehe 10.0
#defi ne daenpfung 0.999

#define hoerposx 7.9
#define hoerposy 5.0
#define hoerposz 2.0

#define leftposx 5.1
#define | eftposy 16.3
#define |l eftposz 2.5

#define rightposx 5.9
#define rightposy 6.3
#define rightposz 1.5

#define i _length 32
#define i _length_1 31
#define o_length 32
#define o_length_1 31

float *early |12l; [* Ilinker Kana
float *early_I2r; /* linker Kana

float *early r2l; [* rechter Kana
float *early r2r; [* rechter Kana

int early pos=0;

int e delays |I2l[early_ tap _nuni;
float e values |2l [early _tap _num;
int e delays |2r[early_ tap _nuni;
float e values |2r[early _tap _num;
int e delays r2l[early _tap_nuni;
float e_values_ r2l[early_tap_num;
int e_delays_r2r[early_tap_nuni;
float e_values r2r[early_tap_num;

/* Laenge der Puffer fuer early-echo */

Anzahl an early-echo taps */

/* 15 mbreiter Raum (x)*/

/* 20 mlang (y) */

/* 10 m hoch (z)*/

[ * Daenpfungsfaktor bei Reflexion */

1 /* hier sitzt der Hoerer (linkes Chr) */

/* hier steht die linke Schallquelle */

/* hier steht die rechte Schallquelle */

/* Laenge des Ei ngangs-Zw schenpuffers */

/* Laenge des Ausgangs-Zw schenpuffers */

nach | i nkem Chr */

nach rechtem GChr */
nach |inkem Chr */
nach rechtem Chr */

/* Del ays der early-echos */
/* Gewi chtungen der del ays */
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/* Early-echo Berechnung mttels Spiegel quell enverfahren

Raummodel | :

H - Hoererposition

L - Spiegel schallquellen des |inken Kanal es

U - Koordi nat enur sprung

Raum sei 11 neter breit und 5 nmeter lang (1 Zeichen = 1 neter)
Li nker Kanal stehe bei x=2 y=4 z=?

Hoerer stehe bei x=5 y=1 z=?

L L L L L L L
L| L I L] L I L| L I L|
I I | I I I |
I I I I I I I
I I I H I I I I

X
I I I I I I I
I I I I I I I
I I I I I I I
I I I I I I I
L L L L L L L
*/
mai n()
{

int i,j,select;

float dist_max;

float x,y,z,xref,yref,zref;

fl oat x_pos,y_pos, z_pos;

float distance, w nkel;

fl oat wi chtung

fl oat norm erungr, norm erungl ;

early |2l =(float *)malloc(early_l ength*sizeof (float));
early | 2r=(float *)malloc(early_l ength*sizeof (float));;
early r2l =(float *)rmalloc(early_l ength*sizeof (float));;
early r2r=(float *)rmalloc(early_l ength*sizeof (float));;

/* Erst mal Echos | oeschen: */

for (i=0;i<early |ength;i++)

early I2l[i]=early |2r[i]=early r2l[i]=early r2r[i]=0.0;

di st _nmax=300. O*early_l ength/ 44100.0; /* 300 nls Schal | geschw ndi gkeit */
/* Echo vom LI NKEN Kanal auf |inkes/rechtes Chr berechnen */

for (x=-ceil (dist_max/(2*] aenge)); x<=ceil (di st_max/ (2*] aenge) ) ; x++)

for (y=-ceil (dist_max/(2*breite));y<=ceil (dist_max/(2*breite));y++)

http://www.musicdsp.org/showone.php?id=74 (3 of 14) [11/10/2002 12:52:56 AM]



Early echo's with image-mirror technique

for (z=-ceil (dist_max/(2*hoehe)); z<=ceil (di st_max/ (2*hoehe)); z++)
{
xref=2*x*breite;
yref =2*y*| aenge;
zref =2*z*hoehe;
for (sel ect=0;sel ect<8; sel ect ++) /* vol | staendi ge Permutation */
{
if (select&l) x_pos=xref+leftposx;
el se x_pos=xref-I|eftposx;
if (select&) y pos=yref+leftposy;
el se y_pos=yref-I|eftposy;
if (select&l) z pos=zref+l eftposz;
el se z_pos=zref-|eftposz;
[* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken Chr des Hoerers bestimen: */
X_pos- =hoer posx;
y_pos- =hoer posy;
Z_pos- =hoer posz;

di stance=sqrt ( pow x_pos, 2) +pow y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_I ength)
{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ [I* 0=links=>Verstaerkung=1 Pi =recht s=>Ver st aer kung=0.22 (?) */

w nkel +=3. 1415926/ 2; wi chtung = 1 - wi nkel/4;
}
el se /* Kl ang kommt von hinten: */
{
wi nkel -=3.1415926/2; w chtung= 1 + wi nkel/4;
}

/| * Early-echo gemaess Wnkel und Entfernung gew chten: */
early I2I[(int) (distance*147.)]+=wi chtung/ (pow di stance, 3.1));

}

/* Relative Position zumrechten Chr des Hoerers besti men: */
X_pos-=0.18; [/* Kopf ist 18 cmbreit */

di stance=sqgrt ( pow x_pos, 2) +powm y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*l1l47)<early_length)
{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ /* 0O=links=>Verstaerkung=1 Pi =recht s=>Ver st aer kung=0.22 (?) */

wi nkel -=3. 1415926/ 2; wi chtung = 1 + wi nkel/4;
}
el se /* Kl ang komm von hinten: */
{

wi nkel +=3. 1415926/ 2; w chtung= 1 - wi nkel/4;
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}

/* Early-echo gemaess Wnkel und Entfernung gew chten: */
early l2r[(int) (distance*147.)]+=wi chtung/(pow distance, 3.1));

}
}
}

/* Echo vom RECHTEN Kanal auf |inkes/rechtes Chr berechnen */

for (x=-ceil (dist_max/(2*] aenge)); x<=ceil (di st_max/ (2*] aenge) ) ; x++)
for (y=-ceil (dist_max/(2*breite));y<=ceil (dist_max/(2*breite));y++)
for (z=-ceil (dist_max/(2*hoehe)); z<=ceil (di st _nmax/ (2*hoehe)); z++)
{
xref=2*x*breite;
yref =2*y*| aenge;
zref =2*z*hoehe;
for (sel ect=0;sel ect<8; sel ect ++) /* vol | staendi ge Pernutation */
{
if (select&l) x_pos=xref+rightposx;
el se x_pos=xref-rightposx;
if (select&?) y_pos=yref+rightposy;
el se y_pos=yref-rightposy;
if (select&4) z_pos=zref+rightposz;
el se z_pos=zref-rightposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken Chr des Hoerers bestimen: */
X_pos- =hoer posx;
y_pos- =hoer posy;
Z_pos- =hoer posz;

di stance=sqgrt ( pow x_pos, 2) +powm y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147.)<early_ Il ength)
{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ /* 0O=links=>Verstaerkung=1 Pi =recht s=>Ver st aer kung=0.22 (?) */

wi nkel +=3. 1415926/ 2; wi chtung = 1 - wi nkel/4;
}
el se /* Kl ang komm von hinten: */
{
wi nkel -=3. 1415926/ 2; w chtung= 1 + wi nkel/4;
}

/* Early-echo gemaess Wnkel und Entfernung gew chten: */
early r2l[(int) (distance*147.)]+=w chtung/ (powdi stance, 3.1));

/* Und jetzt Early-Echo zweiter Kanal auf LINKES Chr berechnen */
X_pos-=0.18; /* Kopfbreite addieren */

di stance=sqrt ( pow x_pos, 2) +tpow y_pos, 2) +pow z_pos, 2));
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/* distance*147 = distance/ 300[ nl s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_I ength)
{

/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */

wi nkel =at an(y_pos/ x_pos);

if (y_pos=>0) /* Klang konm aus vorderem Bereich: */

{ /* 0O=links=>Verstaerkung=1 Pi =recht s=>Ver st aer kung=0.22 (?) */

wi nkel -=3. 1415926/ 2; wi chtung = 1 + wi nkel/4;
}
el se /* Kl ang komm von hinten: */
{
wi nkel +=3. 1415926/ 2; w chtung= 1 - wi nkel/4;
}

/* Early-echo gemaess Wnkel und Entfernung gewi chten: */
early_r2r[(int) (distance*147.)]+=w chtung/(pow distance, 3.1));

/* Und jetzt aus berechnetem Echo die ersten early_tap_num Werte holen */
/* Erst mal e's zuruecksetzen: */
for (i=0;i<early_tap_numi++)

{
e values |2I[i]=e_values_|2r[i]=0.0;
e delays |2I[i]=e_delays_|2r[i]=0; [/* Unangenehne Spei cherzugriffe vernei den */
e values r2l[i]=e_values r2r[i]=0.0;
e delays r2l[i]=e_delays r2r[i]=0;
}
/* und jetzt e _delays und e_val ues extrahieren: */

j =0;
nor m er ungl =nor m er ungr =0. 0;
for(i=0;i<early_length;i++)

{
if (early_I2I[i]!=0)
{
e delays | 2I[j]=i;
e values |2l [j]=early I2I]i];
norm erungl +=early 12I[i];
j++
}
if (j==early_tap_num break
}
j =0;
for(i=0;i<early_length;i++)
{

if (early_I2r[i]!=0)
{
e delays | 2r[j]=i;
e values | 2r[j]=early |2r[i];
norm erungr+=early |l2r[i];
j
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if (j==early_tap_num break

}
j =0;
for(i=0;i<early_ length;i++)
{
if (early_r2l[i]!=0)
{
e delays_ r2l[j]=i;
e values_ r2l[j]l=early_r2l[i];
norm erungl +=early _r2l[i];
j ++;
}
if (j==early_tap_num break
}
J =0;
for(i=0;i<early_length;i++)
{
if (early_r2r[i]!=0)
{
e _delays_r2r[j]-=i
e values r2r[j]=early r2rf[i];
norm erungr+=early r2r[i];
j++
}
if (j==early_tap_nun) break
}

/* groessere von beiden Norm erungen verwenden: */
i f (norm erungr>norm erungl) norm erungr=norm erungl;

for (j=0;j<early_tap_numj++)
{
e values_| 2l [j]/=norm erungr;
e _values_| 2r[j]/=norm erungr;
e values _r2l[j]/=norm erungr;
e values r2r[j]/=norm erungr;
}
/* Ausgeben nur der |2l-Werte fuer schnelles Reverb */
printf("int e_delays[%l]={",early tap_num;
for (j=0;j<(early_tap num1l);j++)
printf("%, ",e_delays_|12I[j]);
printf("%l};\n\n",e_delays_|2I[j]);

printf("float e_values[%l]={",early_tap_num;

for (j=0;j<(early_tap_num1l);j++)
printf("9%®.4f, ",e_values_ |2I[j]);

printf("9%®.4f};\n\n",e_values_|2I[j]);
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/*

From "Donal d Schul z" <d. schul z&@ynx. de>

To: <nusic-dsp@hoko. cal arts. edu>

Subj ect: [music-dsp] |Inmage-mrror nethod source code
Date: Sun, 11 Jun 2000 15:01:51 +0200

A while ago | wote a programto calculate early echo responses.
As there seens to be sone interest in this, | now post it into the
public domain.

Have phun,

Donal d.

*/

/*

i have taken the liberty of renam ng sone of donald' s variables to nake
his code easier to use for english speaking, non-german speakers. i did
a sinple search and replace on all the german words nentioned in the
note below. all of the comments are still in german, but the english
vari abl e nanes nmake the code easier to follow, at least for nme. i don't

think that i nessed anything up by doing this, but if sonmething' s not
wor ki ng you mght want to try the original file, just in case.

dougl as
*/

/*************************************'k*'k********'k***************************

*

* Early Echo Conputation using inmge-mrror method

*

Position of |listener, 2 sound-sources, roomsize may be set.

Four early echo responses are calculated (fromleft sound source and
right sound source to left and right ear). Angle with which the sound
neets the ears is taken into account.

The early echo response fromleft sound source to left ear is printed
to screen for denonstration, the first table contains the delay tines
and the second one the weights.

* X X X X X

*  *  F

Programis released into the public domain.

*

Sorry for german coments : -(
Some frequently used gernan words:

*

* hoerpos : listening position
* breite : width

* laenge : length

* hoehe : hei ght

* daenpfung : danping

* links : left

* rechts : right

* Chr © ear

*

W nkel : angle
W chtung : wei ght

*
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* Normierung : normalization

*

*

* | f soneone does sone inprovenents on this, | (Donald, d.schulz@nmnx.de)
* woul d be happy to get the inproved code.

*

***************************************************************************/

#i ncl ude <mat h. h>
#i ncl ude <stdi o. h>

#define early_l ength 0x4000 /* Length der Puffer fuer early-echo */

#define early_length_1 Ox3fff

#define early_tap_num 20 /* Anzahl an early-echo taps */

#define width 15.0 /* 15 mw dt hr Raum (x)*/

#define length 20.0 [* 20 mlang (y) */

#define height 10.0 /* 10 mhoch (z)*/

#define danpi ng 0.999 /* Danpi ngsfaktor bei Reflexion */

#define listening _positionx 7.91 /* hier sitzt der Hoerer (linkes ear) */

#define listening positiony 5.0
#define listening positionz 2.0

#define leftposx 5.1 /* hier steht die linke Schallquelle */
#define | eftposy 16.3
#define |l eftposz 2.5

#define rightposx 5.9 /* hier steht die rechte Schallquelle */
#define rightposy 6.3
#define rightposz 1.5

#define i _length 32 /* Length des Ei ngangs-Zw schenpuffers */
#define i _length_1 31
#define o_length 32 /* Length des Ausgangs-Zw schenpuffers */

#define o_length_1 31

float *early_I2l; [/* linker Kanal nach |inkemear */
float *early_I2r; /* linker Kanal nach rechtem ear */
float *early_r2l; /* rechter Kanal nach |inkemear */

float *early r2r; [* rechter Kanal nach rechtem ear */
int early pos=0;

int e delays |I2l[early_ tap _nuni; /* Del ays der early-echos */
float e values |2l [early _tap _num; /* Gewei ghten der del ays */
int e delays |2r[early_ tap _nuni;

float e values |2r[early _tap _num;

int e delays r2l[early _tap_nuni;

float e_values_ r2l[early_tap_num;

int e_delays_r2r[early_tap_nuni;

float e_values r2r[early_tap_num;
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/* Early-echo Berechnung mttels Spiegel quell enverfahren

Raummodel | :

H - Hoererposition

L - Spiegel schallquellen des |inken Kanal es

U - Koordi nat enur sprung

Raum sei 11 neter breit und 5 nmeter lang (1 Zeichen = 1 neter)
Li nker Kanal stehe bei x=2 y=4 z=?

Hoerer stehe bei x=5 y=1 z=?

L L L L L L L
L| L I L] L I L| L I L|
I I | I I I |
I I I I I I I
I I I H I I I I

X
I I I I I I I
I I I I I I I
I I I I I I I
I I I I I I I
L L L L L L L
*/
mai n()
{

int i,j,select;

float dist_max;

float x,y,z,xref,yref,zref;

fl oat x_pos,y_pos, z_pos;

fl oat distance, angl e;

fl oat wei ght;

float normalizationr,normalizationl

early |2l =(float *)malloc(early_l ength*sizeof (float));
early | 2r=(float *)malloc(early_l ength*sizeof (float));;
early r2l =(float *)rmalloc(early_l ength*sizeof (float));;
early r2r=(float *)rmalloc(early_l ength*sizeof (float));;

/* Erst mal Echos | oeschen: */

for (i=0;i<early |ength;i++)

early I2l[i]=early |2r[i]=early r2l[i]=early r2r[i]=0.0;

di st _nmax=300. O*early_l ength/ 44100.0; /* 300 nls Schal | geschw ndi gkeit */
/* Echo vom LI NKEN Kanal auf |inkes/rechtes ear berechnen */

for (x=-ceil (dist_max/(2*l ength)); x<=ceil (di st_max/ (2*] ength)); x++)

for (y=-ceil (dist_max/(2*wi dth));y<=ceil (dist_nmax/(2*wi dth));y++)
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for (z=-ceil (dist_max/(2*height)); z<=ceil (di st_max/(2*hei ght)); z++)
{
xref =2*x*w dt h;
yref =2*y*| engt h;
zr ef =2* z* hei ght ;
for (sel ect=0;sel ect<8; sel ect ++) /* vol | staendi ge Permutation */
{
if (select&l) x_pos=xref+leftposx;
el se x_pos=xref-I|eftposx;
if (select&) y pos=yref+leftposy;
el se y_pos=yref-I|eftposy;
if (select&l) z pos=zref+l eftposz;
el se z_pos=zref-|eftposz;
[* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zum|inken ear des Hoerers besti mmen: */

X_pos-=listening_positionx;
y_pos-=listening_positiony;
z_pos- =l i st eni ng_posi ti onz;

di stance=sqrt ( pow x_pos, 2) +pow y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_I ength)
{
/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermitteln: */
angl e=at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ [I* 0O=left=>Verstaerkung=1 Pi =ri ght =>Ver st aer kung=0.22 (?) */

angl e+=3. 1415926/ 2; weight = 1 - angl e/ 4;
}
el se /* Kl ang kommt von hinten: */
{
angl e-=3. 1415926/ 2; weight= 1 + angl e/ 4;
}

/* Early-echo germaess angle und Entfernung gew chten: */
early I2I[(int) (distance*147.)]+=wei ght/(powdistance, 3.1));

}

/* Relative Position zumrechten ear des Hoerers besti men: */
X_pos-=0.18; [/* Kopf ist 18 cmbreit */

di stance=sqgrt ( pow x_pos, 2) +powm y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*l1l47)<early_length)
{
/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermtteln: */
angl e=at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ [/* O=left=>Verstaerkung=1 Pi =ri ght =>Ver st aerkung=0.22 (?) */

angl e- =3. 1415926/ 2; weight = 1 + angl e/ 4;
}
el se /* Kl ang komm von hinten: */
{

angl e+=3. 1415926/ 2; weight= 1 - angl e/ 4;

http://www.musicdsp.org/showone.php?id=74 (11 of 14) [11/10/2002 12:52:56 AM]



Early echo's with image-mirror technique

}

/* Early-echo gemaess angle und Entfernung gew chten: */
early l2r[(int) (distance*147.)] +=wei ght/(pow(distance, 3.1));

}
}
}

/* Echo vom RECHTEN Kanal auf |inkes/rechtes ear berechnen */

for (x=-ceil (dist_max/(2*l ength)); x<=ceil (di st_max/ (2*] ength)); x++)
for (y=-ceil (dist_max/(2*w dth));y<=ceil (di st_max/ (2*w dth));y++)
for (z=-ceil (dist_max/(2*height)); z<=ceil (di st_max/ (2*hei ght)); z++)
{
xref =2*x*wi dt h;
yref =2*y*| engt h;
zr ef =2* z*hei ght ;
for (sel ect=0;sel ect<8; sel ect ++) /* vol | staendi ge Pernutation */
{
if (select&l) x_pos=xref+rightposx;
el se x_pos=xref-rightposx;
if (select&?) y_pos=yref+rightposy;
el se y_pos=yref-rightposy;
if (select&4) z_pos=zref+rightposz;
el se z_pos=zref-rightposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zum|inken ear des Hoerers bestinmen: */

X_pos-=listening _positionx;
y_pos-=listening _positiony;
Zz_pos-=listening positionz;

di stance=sqgrt ( pow x_pos, 2) +powm y_pos, 2) +pow z_pos, 2));
/* di stance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147.)<early_ Il ength)
{
/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermtteln: */
angl e=at an(y_pos/ x_pos);
if (y_pos>0) /* Klang konm aus vorderem Bereich: */
{ [I* O=left=>Verstaerkung=1 Pi =ri ght =>Ver st aerkung=0.22 (?) */

angl e+=3. 1415926/ 2; weight = 1 - angl e/ 4;
}
el se /* Kl ang komm von hinten: */
{
angl e- =3. 1415926/ 2; weight= 1 + angl e/ 4;
}

/* Early-echo germaess angle und Entfernung gew chten: */
early_r2l[(int) (distance*147.)]+=wei ght/(powdistance, 3.1));

/* Und jetzt Early-Echo zweiter Kanal auf LINKES ear berechnen */
X_pos-=0.18; /* Kopfw dth addieren */

di stance=sqrt ( pow x_pos, 2) +tpow y_pos, 2) +pow z_pos, 2));
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/* distance*147 = distance/ 300[ nl s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_I ength)
{

/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermtteln: */

angl e=at an(y_pos/ x_pos);

if (y_pos=>0) /* Klang konm aus vorderem Bereich: */

{ [/* O=left=>Verstaerkung=1 Pi =ri ght =>Ver st aerkung=0.22 (?) */

angl e- =3. 1415926/ 2; weight = 1 + angl e/ 4;
}
el se /* Kl ang komm von hinten: */
{
angl e+=3. 1415926/ 2; weight= 1 - angl e/ 4;
}

/* Early-echo gemaess angl e und Entfernung gew chten: */
early_r2r[(int) (distance*147.)]+=wei ght/(pow(distance, 3.1));

/* Und jetzt aus berechnetem Echo die ersten early_tap_num Werte holen */
/* Erst mal e's zuruecksetzen: */
for (i=0;i<early_tap_numi++)

{
e values |2I[i]=e_values_|2r[i]=0.0;
e delays |2I[i]=e_delays_|2r[i]=0; [/* Unangenehne Spei cherzugriffe vernei den */
e values r2l[i]=e_values r2r[i]=0.0;
e delays r2l[i]=e_delays r2r[i]=0;
}
/* und jetzt e _delays und e_val ues extrahieren: */

j =0;
normal i zati onl =nornal i zat i onr =0. O;
for(i=0;i<early_length;i++)

{
if (early_I2I[i]!=0)
{
e delays | 2I[j]=i;
e values |2l [j]=early I2I]i];
normal i zationl +=early |2I[i];
j++
}
if (j==early_tap_num break
}
j =0;
for(i=0;i<early_length;i++)
{

if (early_I2r[i]!=0)

{
e delays | 2r[j]=i;
e values | 2r[j]=early |2r[i];
normal i zationr+=early |2r[i];
j
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if (j==early_tap_num break

}
j =0;
for(i=0;i<early_ length;i++)
{
if (early_r2l[i]!=0)
{
e delays r2l[j]=i;
e values_ r2l[j]l=early_r2l[i];
normal i zationl +=early r2l[i];
j ++;
}
if (j==early_tap_num break
}
] =0;
for(i=0;i<early_length;i++)
{
if (early_r2r[i]!=0)
{
e _delays_r2r[j]-=i
e values r2r[j]=early r2rf[i];
normal i zationr+=early r2r[i];
j++
}
if (j==early_tap_nun) break
}

/* groessere von beiden nornmalizationen verwenden: */
if (normalizationr>normalizationl) normalizationr=normalizationl;

for (j=0;j<early_tap_numj++)
{
e values_ | 2I[j]/=normalizationr
e values_|2r[j]/=nornalizationr;
e values r2l[j]/=nornalizationr
e values r2r[j]/=nornalizationr;
}
/* Ausgeben nur der |2l-Werte fuer schnelles Reverb */
printf("int e_delays[%l]={",early tap_num;
for (j=0;j<(early_tap num1l);j++)
printf("%, ",e_delays_|12I[j]);
printf("%l};\n\n",e_delays_|2I[j]);

printf("float e_values[%l]={",early_tap_num;

for (j=0;j<(early_tap_num1l);j++)
printf("9%®.4f, ",e_values_ |2I[j]);

printf("9%®.4f};\n\n",e_values_|2I[j]);
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ECE320 project: Reverberation w/ parameter control from PC

References : Posted by Brahim Hamadicharef (project by Hua Zheng and Shobhit Jain)
Linked file : rev.txt (thislinked file is included below)

Notes:

rev.asm

ECE320 project: Reverberation w/ parameter control from PC
Hua Zheng and Shobhit Jain

12/02/98 ~ 12/11/98

(selinked file)

Linked files

; rev.asm
; ECE320 project: Reverberation w paraneter control from PC

; Hua Zheng and Shobhit Jain
; 12/ 02/ 98 ~ 12/11/98

; bugs fixed

; wong co coefficients

; using current out point to cal culate new in point

; ré changed in set_dl (now changed to r4)

; initialize er delaylines to be 0 causes no output -- program menory

; peri odi c pops:. getting garbage because external nmenory is configured to 16k

SAVPLERATE equ 48
nol i st
i ncl ude 'core302. asni
list

RESET  equ 255 ; serial data reset character
n_para equ 29 ; nunber of paranmeters expected fromserial port
del ayl i ne_nunber equ 12
del ay_pointers equ 24
er _nunber equ 3
co_nunber equ 6
ap_nunber equ 3
org x: $0
ser _data ds n_para ; location of serial data chunk
del ays ; default rev paraneters: delay |ength
dc 967 ; erl $3c7
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ECE320 project: Reverberation w/ parameter control from PC

coeffs

conb
in
| pf
dl _p

dl _er |
dl _co_l|
dl _ap_|

dl _erl
dl _er2
dl _er3

dl _col
dl _co2
dl _co3
dl _co4
dl _cob5
dl _co6

dl _apl

dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc

dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
dc
ds
ds
ds
ds

equ
equ
equ

org
dsm
dsm
dsm
org

dsm
dsm
dsm
dsm
dsm
dsm
org

dsm

1867
3359
2399
2687
2927
3271
3457
3761
293

29

.78
. 635
. 267

0

0

0

0

0

0

0. 652149
0. 301209
0. 615737
0. 334735
0. 586396
0. 362044
0. 546884
0. 399249
0. 525135
0. 419943
0. 493653
0. 450179
0.2

0.4

6
1
1
d

el ay_po

$1000
$1000
$200

p: $1000
dl _er_|
dl _er_|
dl _er_|
y: $8000
dl _co_|
dl _co_|
dl _co_|
dl _co_|
dl _co |
dl _co |
y: $F000
dl _ap_|

:er2 $74b
;er3 $dif
: col $95f
; co2 $a7f
; €03 $b6f
; co4 $cc7
; co5 $d81l
; co6 $ebl
; apl $125
; ap2 $53
; ap3 $1d
default rev paraneters: coefficients
poerl
oer?
oer3
; col $7774de
; €02 $53799%e
; co3 $4ed078
; co4 $4b0f 06
; co5 $4337a0
; co6 $3f 3006
; brightness
;omX
; one sanple delay in conb filters
; input sanple
; one sanple delay in LPF
nters ; delayline in/out pointers
; max er delayline | ength 4096/ 48=85. 3ns
; max co delayline | ength 85.3ns
; max ap delayline | ength 512/48=10.67ns
erl del ayline
er2 del ayline
er3 del ayline
col del ayline
co2 del ayline
co3 del ayline
co4 del ayli ne
co5 del ayline
co6 del ayline
apl del ayline
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ECE320 project: Reverberation w/ parameter control from PC

dl _ap2 dsm dl _ap | ; ap2 delayline
dl _ap3 dsm dl _ap | ; ap3 delayline

; Menory usage

; P:$0000 -- $0200 core file

; P:$0200 -- $0300 pr ogam

; X:$0000 -- $1BFF data 7168=149. 3ns serial data, paraneters,
poi nters

; Y:$0000 -- $1BFF data 7168=149. 3ns not used

; P:$1000 -- $4FFF data 16384=341. 3ns er (85*3=255n8)

; Y:$8000 -- S$FFFF data 32768=682. 67 co(80*6=480ns) and ap(10*3=30ns)

X, Y:$1000 -- $1BFF reserved for system

nove #0, x0
; nove #dl _erl, r0
; nove #dl _er |,y0
; do #er _nunber, clear _dl _er | oop
; rep y0

; movem  x0, p: (r0) +
; nop
;clear_dl _er_I oop

nove #dl _col,r0
nove #dl _co_I,y0
do #co_nunber, cl ear _dl _co_| oop
rep y0
nove x0,y: (r0)+
nop

clear_dl _co_ | oop

nove #dl _apl,r0
nove #dl _ap_|,y0

do #ap_nunber, cl ear _dl _ap_| oop
rep y0

nove x0,y: (r0)+
nop

clear_dl _ap_I| oop

nove #conmb, r0
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ECE320 project: Reverberation w/ parameter control from PC

rep #co_nunber
nove X0, x: (r0) + cinit conb filter states
nove #l pf,r0
nove X0, x: (r0) : init LPF state
nove #ser _data,r6 ; incom ng data buffer pointer

nove #(n_para-1), nb
jsr set _dl ; set all delayline pointers

cinitialize SC

novep  #$0302,x: M SCR ; R/T enable, INT disable
movep  #$006a, x: M. SCCR ; SCP=0, CD=106 (9636 bps)
novep #7, x: M_PCRE

; Main | oop

; Regi st er usage

; r0: delayline pointer pointer

; rl: coefficients pointer

; r2: conb filter internal state pointer
; r4,r5: used in delayline subroutine

; ré: incom ng buffer pointer

; a: output of each segnent

mai n_| oop:

nove #dl _p,r0

nove #coeffs, rl

wai t dat a r3,buflen, 1

nove x:(r3)+ a

nove a, x:<in ; save input sanple for mx

; temp = in;

; for (int i=0; i<earlyRefNum i++)

; {

; in = delayLineEarl yRef[c][i]->tick(in);
; tenp += earlyRefCoeff[i] * in;

; }
; return tenp
nove a, b ; b=tenp=in
nove #(dl _er_1-1),n6
do #er _nunber, er _| oop
jsr use_dl er
nove a, yo ; yO=a=in (delayline out)
nove x:(rl1)+, x0 . X0=coef f
mac x0,y0, b ; b=tenp
er | oop
asr #2,b, a
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ECE320 project: Reverberation w/ parameter control from PC

: float tenmpl = 0., tenp2;
; for (int i=0; i<conmbNum i++)

; {
; tenp2 = del ayLineConmb[c][i]->tick
; (in + conbCoeff[i] * combLastQut[c][i]);
; conmbLastQut[c][i] = tenp2+conbDanp[i]*conbLastQut[c][i];
; tenmpl += tenp2;
; }
; return tenpl / float(conbNun;
nove #conb, r 2
nove a,yl
clr b
nove #(dl _co_Il-1),n6
do #co_nunber, co_l oop
nove yl, a ;asin
nove x:(rl)+, x0 ; XO=coef f
nove x:(r2),yo0 ; yO=l ast out
nac x0,y0,a x:(r1)+, x0 ;. x0=danp
jsr use_dl
nmove a, x1 ; a=xl=t enmp2
mac x0, y0, a : a=| ast out
nove a, x:(r2)+
add x1, b ; b=tenpl
co_|l oop
; asr #2,b,a
nove b, a

; float tenpl, tenp2;
; for (int i=0; i<allPassNunm i ++)

; {
; tenpl = del ayLi neAl | Pass[c][i]->lastQut();
; tenp2 = all PassCoeff[i] * (in - tenpl);
; del ayLi neAl |l Pass[c][i]->tick(in + tenp2);
; in =tenpl + tenp2;
; }
; return in;
nove #1, nO
nove #0. 7, x1
nove #(dl _ap_I-1),n6
do #ap_nunber, ap_| oop
nove y: (r0+n0), x0 ; x0=tenmpl
sub x0, a ; a=in-tenpl
move a, yo
npy x1,y0, b ; b=tenp2
add b, a ; a=i n+t enmp2
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ECE320 project: Reverberation w/ parameter control from PC

= (1I-mx)*in + mx*out =

nove
nove
nove

SCl

cnp
jeq

nove

j sr use_dl
add x0, b
nove b, a

| astout + BW* (in -

X:<in,y0
y0, a

a,yl

x0,y1,b y0, a
b, a

Ay (r3)+
a, y:(r3)+
(r3)+

#2, X: M_SSR, mai n_| oop
X: M SRXL, a

#RESET, a

reformat _data

a, x:(r6)+

|ater reformatting

jnp

ref ormat _dat a:
order of paraneters:

mai n_| oop

| astout);

x:(rl)+, x0

in +mx * (out -
x:(r1)+, x0

: b=m x*

erl delay, erl coeff, er2 ..., er3 ...
col delay, coeff_c, coeff_d, co2 ... ,
apl del ay, ap2, ap3

bri ght ness
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ECE320 project: Reverberation w/ parameter control from PC

; m X

nove #ser _data,r0

nove #del ays, rl

nove #coeffs,r2

do #3,format _er | oop
nove x:(r0)+, a ; er del ay
asr #20, a, a
; max del ay 4096=2712, nmax val ue 256=2"8, scal e 256/ 4096=2"-4
nove a0, x:(r1)+
nove x:(rQ)+, a ; er coeff
asr #9, a, a
nove a0, x: (r2)+

format _er | oop

nove #>$000001, x0

do #6, format _co_| oop

nove X:(r0)+, a ; co del ay
asr #20, a, a ; max del ay 4096=2"12
move a0, al

ytry this: asl #4,4a, a
or x0, a
nove al, x:(rl)+
nove x:(rQ)+, a ; co coeff
asr #9, a, a
nove a0, x: (r2)+
nove X:(r0)+, a ; co danping
asr #9, a, a
nove a0, x:(r2)+

format _co_| oop

do #3,format _ap_| oop
nove x:(r0Q)+, a ; ap del ay
asr #23,a, a ; max del ay 528=2"9
nove a0, al
or x0, a
nove al, x:(rl)+

format _ap_| oop

jsr set _dlI

nove x:(rQ)+, a ; brightness
asr #9, 4, a

nove a0, x:(r2)+

nove x:(r0)+, a ©om X

asr #9, a, a

nove a0, x:(r2)+

jm mai n_| oop

; Set all delayline I ength subroutine
; I N: not hi ng
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ECE320 project: Reverberation w/ parameter control from PC

; QuUT: out poi nter UNCHANGED
; in pointer = out + length e.g. (#(dl _p+3))=(#(dl _p+4))+x:(r4)
; rd=r4+1: next delay length
set _dlI
nove #(dl _p+1),r5 ; first out pointer
nove #dl _erl, r4
nove r4,x: (rb) + ; initial out point=delayline starting
addr ess
nove (r5)+
nove #dl _er2,r4
nove rd,x:(rb)+
nove (r5)+
nove #dl _er3,r4
nove r4,x: (r5) +
nove (r5)+
nove #dl _col,r4
nove r4,x:(r5)+
nove (r5)+
nove #dl _co2,r4
nove r4,x:(rb)+
nove (r5)+
nove #dl _co3,r4
nove rd,x:(rb)+
nove (r5)+
nove #dl _co4d,r4
nove r4,x:(r5)+
nove (r5+
nove #dl _co5,r4
nove r4,x:(r5)+
nove (r5)+
nove #dl _co6,r4
nove rd,x:(rb)+
nove (r5)+
nove #dl _apl,r4
nove r4,x: (rb)+
nove (r5)+
nove #dl _ap2,r4
nove r4,x:(r5)+
nove (r5)+
nove #dl _ap3,r4
nove r4,x:(r5)+
nove (r5)+
nove #del ays, r4 ; delayline length
nove #(dl _p+1),r5 ; first out pointer
move #2, n5
do #del ayl i ne_nunber, set _dl | oop
nove x:(r4)+, x0 ; X0=l engt h
nove x:(r5)-,a ; a=out pointer
add x0, a
nove a, x:(rb5)+ ; i n=out +l engt h
nove (r5)+n5 ; next out pointer

set_dl | oop
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ECE320 project: Reverberation w/ parameter control from PC

; Access del ayli ne subroutine

; I N:

in and out pointers inr4,r5
nmodul o (delayline length-1) in n6

i nput sanple in a

in and out pointers nodul o i ncrenmented

out put sanple in a

; i nput s[i nPoi nt ++] sanpl e;
; i nPoi nt &= | engt hnl;
; | ast Qut put = i nput s[ out Poi nt ++] ;
: out Poi nt &= | engt hnt;
; return | ast Qutput;
use_dl:
move né, mi
nove ne6, nb
nove X:(r0)+,r4 in point
nove x:(r0)-,r5 out poi nt
nove a, y:(rd)+ gueue in
nove y:(r5)+ a gueue out
nove r4,x: (r0)+ nodul o i ncrenented in point
nove r5 x:(r0)+ nodul o i ncrenent ed out point
rts
use _dl er: usi ng P nenory
move noé, mi
move né, nb
nove x:(r0)+,r4 in point
nove X:(r0)-,r5 out poi nt
novem a,p:(r4)+ gueue in
movem p:(r5)+, a gueue out
nove r4,x:(r0)+ nmodul usly incremented in point
nove r5 x:(r0)+ nodul usly increnmented out point
rts
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Envelope detector

Envelope detector

References : Posted by Bram

Notes:
Basicaly aone-pole LP filter with different coefficients for attack and release fed by the abs() of
the signal. If you don't need different attack and decay settings, just use in->abs()->LP

Code:

/lattack and release in mlliseconds

float ga = (float) exp(-1/(Sanpl eRate*attack));
float gr = (float) exp(-1/(Sanpl eRate*rel ease));

fl oat envel ope=0;

for(...)
{

/1 get your data into 'input'
Envin = abs(input);

i f (envel ope < Envln)

{
envel ope *= ga;
envel ope += (1-ga)*Envlin;
}
el se
{
envel ope *= gr;
envel ope += (1-gr)*Envln;
}
// envel ope now contains......... t he envel ope ;)
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Exponential parameter mapping

References : Posted by Russell Borogove

Notes:

Usethisif you want to do an exponential map of a parameter (mParam) to arange (mMin -
mMax).

Output isin mData...

Code:
fl oat | ogmax 0g10f ( mvax );

float logmn 0gl0f ( MM n );
float logdata = (nParam * (logmax-logmn)) + |ogm n;

nData = powf ( 10.0f, |ogdata );
if (nData < nmM n)

{

mbata = nmM n;
}
if (nData > mnvax)
{

mDat a = mvax;
}
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Fast binary log approximations

Fast binary log approximations

Type: Ccode
References : Posted by musicdsp.org[ AT]mindcontrol.org

Notes:

This code uses | EEE 32-hit floating point representation knowledge to quickly compute
approximationsto the log2 of avalue. Both functions return under-estimates of the actual value,
although the second flavour is less of an under-estimate than the first (and might be sufficient
for using in, say, adBV/FS level meter).

Running the test program, here's the output:

0.1: -4 -3.400000
1: 0 0.000000
2:11.000000

5: 2 2.250000
100: 6 6.562500

Code:
/1 Fast logarithm (2-based) approxinmation

/1 by Jon Watte
#i ncl ude <assert. h>

int floorOLn2( float f ) {
assert( f > 0. );

assert( sizeof (f) == sizeof(int) );
assert( sizeof(f) == 4 ),
return (((*(int *)&f)&x7f800000)>>23) - Ox7f;

}

fl oat approxLn2( float f ) {

assert( f > 0. );

assert( sizeof (f) == sizeof(int) );

assert( sizeof(f) == 4);

int i = (*(int *)&f);

return (((i&x7f800000)>>23)-0x7f)+(i &Ox007fffff)/ (fl oat)O0x800000;
}

/1 Here's a test program
#i ncl ude <stdi o. h>
/] 1nsert code from above here

I nt
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Fast binary log approximations

mai n()

{
printf( "
printf( "
printf( "
printf( "
printf( "
return O;

el

%l
%l
%l
%l
%l

% \n"
% \n"
% \n"
% \n"
% \n"

fl oor OF Ln2(
fl oor OF Ln2(
fl oor OF Ln2(
fl oor OF Ln2(
fl oor OF Ln2(

.1 ), approxLn2( 0.1
), approxLn2( 1.

0 : );
1 )

2. ), approxLn2( 2. )

5 )

1

)
)
)
)

), approxLn2( 5. ;
00. ), approxLn2( 100. ) );
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Fast exp2 approximation

Fast exp2 approximation

References : Posted by Laurent de Soras

Notes:

Partial approximation of exp2 in fixed-point arithmetic. It is exactly :

[0;1] ->[05; 1]

fix]->27x-1)

To get the full exp2 function, you have to separate the integer and fractionnal part of the
number. The integer part may be processed by bitshifting. Process the fractionnal part with the
function, and multiply the two results.

Maximum error isonly 0.3 % which is pretty good for two mul ! Y ou get also the continuity of
thefirst derivate.

-- Laurent

Code:

/1 val is a 16-bit fixed-point value in Ox0 - OxFFFF ([0 ; 1])

/'l Returns a 32-bit fixed-point value in 0x80000000 - OxFFFFFFFF ([0.5 ;
10)

unsigned int fast_partial _exp2 (int val)

{
unsi gned i nt resul t;
__asm
{
nmov eax, va
shl eax, 15 ; eax = input [31/31 bits]
or eax, 080000000h . eax = input + 1 [32/31 bits]
mul eax
nov eax, edx ; eax = (input + 1) ~ 2 [32/30 bits]
nmov edx, 2863311531 ; 2/ 3 [32/32 bits], rounded to +oo0
mul edx ; eax = 2/ 3 (input + 1) ~ 2 [32/30 bits]
add edx, 1431655766 ; + 4/3 [32/30 bits] + 1
nmov result, edx
}
return (result);
}
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Fast in-place Walsh-Hadamard Transform

Type: wavelet transform
References : Posted by Timo H Tossavainen

Notes:

IIRC, They're also called wal sh-hadamard transforms.

Basically like Fourier, but the basis functions are squarewaves with different sequencies.

| did thisfor atransform data compression study a while back.

Here's some code to do a walsh hadamard transform on long ints in-place (you need to divide
by n to get transform) the order is bit-reversed at output, I1RC.

The inverse transform is the same as the forward transform (expects bit-reversed input). i.e. X =
Un* FWHT(FWHT(x)) (x is avector)

Code:
void inline wht _bfly (long& a, |ong& b)
{
long tnp = a;
a += b;
b =tnm - b;
}

/1l just a integer |og2
int inline |2 (long Xx)

{
int |2;
for (12 =0; x > 0; x >>=1)
{
++ | 2;
}
return (12);
}

FEETEEEEEE i rr i rr i rrrririrrirri
/1 Fast in-place WAl sh- Hadamard Transform//
FEETEEEEEE i rrrrirrrriri

voi d FWHT (std::vector& data)

{
const int log2 =12 (data.size()) - 1;
for (int i =0; I <log2;, ++i)
{
for (int j =0; j] < (1 <<1l0g2); J +=1 << (i+1))
{

for (int k = 0; k < (1<<i): ++k)
{
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wht _bfly (data [j + k], data [] + k + (1<<i)]);
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Fast log2

Fast log2

References : Posted by Laurent de Soras
Code:

inline float fast _log2 (float val)
{

assert (val > 0);

int * const exp_ptr =reinterpret_cast <int *> (&val);
i nt X = *exp_ptr;

const int log 2 = ((x >> 23) & 255) - 128;

X &= ~(255 << 23);

X += 127 << 23;

*exp_ptr = x;

return (val + log _2);
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Fast sine and cosine calculation

Fast sine and cosine calculation

Type : waveform generation

References: Lot's or references... Check Julius O. SMith mainly
Code:

init:

float a = 2.f*(fl oat)sin(Pi*frequency/ sanpl erate);

float s[2];

s[0] = 0.5f;

s[1] = 0.f;

| oop:

s[0] = s[0] - a*s[1];

s[ 1] s[1] + a*s[O0];
out put _sine = s[0];
out put _cosine = s[1]
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Fast sine wave calculation

Fast sine wave calculation

Type : waveform generation
References : James McCartney in Computer Music Journal, also the Julius O. Smith paper

Notes:

(posted by Niels Gorisse)

If you change the frequency, the amplitude rises (pitch lower) or lowers (pitch rise) aLOT |
fixed the first problem by thinking about what actually goes wrong. The answer was to
recal culate the phase for that frequency and the last value, and then continue normally.

Code:

Vari abl es:

ip = phase of the first output sanple in radi ans
w = freq*pi / sanplerate

bl = 2.0 * cos(w)

Init:
yl=sin(ip-w)
y2=si n(i p-2*w)

Loop:
y0
y2
yl

bl*yl - y2

yl
y0

output is in y0 (y0 = sin(ip + n*freq*pi / sanplerate), n=0, 1, 2
*t hi nk*)

Later note by Janes M Cartney:
if you unroll such a |oop by 3 you can even elimnate the assigns!!

y0O = bl*yl - y2
y2 = bl*y0 - yl
yl = bl*y2 - yO
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Fast square wave generator

Fast square wave generator

Type : NON-bandlimited osc...
References: Posted by Wolfgang (wschneider[AT]nexoft.de)

Notes:

Produces a square wave -1.0f .. +1.0f.

The resulting waveform is NOT band-limited, so it's propably of not much use for syntheis. It's
rather useful for LFOs and the like, though.

Code:
| dea: use integer overflow to avoid conditional junps.

/] init:
t ypedef unsigned | ong ui 32;

fl oat sanpl eRate = 44100.0f; // whatever

float freq = 440.0f; // 440 Hz

fl oat one = 1.0f;

ui 32 i nt Over oL;

ui 32 intlncr (ui 32)(4294967296.0 / host SanpleRate / freq));

/1 | oop:
(*((ui 32 *)&one)) &= Ox7FFFFFFF; // mask out sign bit
(*((ui32 *)&one)) | = (intOver & 0x80000000);

intOver += intlncr;
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FFT

FFT

References: Toth Laszlo
Linked file: rvfft.ps

Linked file: rvfft.cpp (thislinked file isincluded below)

Notes:

A paper (postscript) and some C++ source for 4 different fft algorithms, compiled by Toth Laszlo from the
Hungarian Academy of Sciences Research Group on Artificial Intelligence.

Toth says. "I've found that Sorensen's split-radix algorithm was the fastest, so | use this since then (this means that
you may as well delete the other routinesin my source - if you believe my results).”

Linked files

/1

I FFT library

/1

/'l (one-di nmensional conplex and real FFTs for array
/'l lengths of 27n)

/1

I Aut hor: Toth Laszlo (tothl @nf. u-szeged. hu)
/1

Il Research Group on Artificial Intelligence
/'l H 6720 Szeged, Aradi vertanuk tere 1, Hungary
/1

Il Last nodified: 97.05.29

FEEEEEEEE bbbt irrrd

#i ncl ude <mat h. h>
#i nclude <stdlib. h>
#i ncl ude "pi.h"

FEEEEEEErrrr bbb bbb rrrrd

/1 Gves back "i" bit-reversed where "size" is the array
/1l ength

/lcurrently none of the routines call it

|l ong bitreverse(long i, long size){

| ong result, mask;

resul t =0;
for(;size>l;size>>=1){
mask=i &1;
I >>=1;
resul t <<=1;
resul t| =mask
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/* __asm the sane in assebly
nov eax, i
MoV €ecX, Si zze
nov ebx, O
| :shr eax, 1
rcl ebx, 1
shr ecx, 1
cnp ecx, 1
jnz |
nmov result, ebx
|
return result;

}

FHLLEEPErrrrrrrrrr il
[I/Bit-reverser for the Bruun FFT
/| Paranmeters as of "bitreverse()"

| ong bruun_reverse(long i, long sizze){
| ong result, add;

resul t =0;
add=si zze;

whil e(1){

if(i!=0) {
while((i&l)==0) { i>>=1; add>>=1;}
i >>=1; add>>=1;
resul t +=add;

}
el se {result<<=l;result+=add; return result;}
if(i!=0) {
whil e( (i &l)==0) { i>>=1; add>>=1;}
i >>=1; add>>=1;
resul t - =add;
}
el se {result<<=l;result-=add; return result;}
}
}
/ *assenbly version
| ong bruun_reverse(long i, long sizze){
| ong result;
resul t =0;

__asn{
nov edx, si zze
nov eax, i
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nmov ebx, 0
. bsf cx, eax

jz keszl

i nc cx

shr edx, cl

add ebx, edx

shr eax, cl

bsf cx, eax

jz kesz2

i nc cx

shr edx, cl

sub ebx, edx

shr eax, cl

jmp |

keszl:

shl ebx, 1

add ebx, edx
jmp vege

kesz2:

pel

shl ebx, 1
sub ebx, edx

vege: nmov result, ebx

}

return result;

FEEEEEEEr i it b i i i rrrrd

Il
/1
/11
/11
/1
11
/1
/1
/11
/11
/11

Deci mation-in-freq radi x-2 in-place butterfly
data: array of doubl es:
re(0),imO0),re(l),im1l),...,re(size-1),in(size-1)
it nmeans that size=array_length/2 !

suggest ed use:
i ntput in normal order
output in bit-reversed order

Sour ce: Rabi ner-Gold: Theory and Application of DSP
Prentice Hall, 1978

void dif_butterfly(double *data, | ong size){

| ong angl e, astep, dl ;
doubl e xr,yr,xi,yi,w,w,dr,di,ang;
double *1'1, *12, *end, *ol 2;

ast ep=1;
end=dat a+si ze+si ze;
for(dl =size; dl >1; dl >>=1, ast ep+=ast ep) {
| 1=dat a;
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| 2=dat a+dl ;
for(;Il2<end;l1=l2,12=l2+dl){

ol 2=l 2;

for (angl e=0; | 1<ol 2; 1 1+=2, | 2+=2){

ang=2*pi *angl e/ si ze;
wr =cos(ang) ;

W =-si n(ang);

Xr=*| 1+*| 2;

Xi =% (1 141) +* (1 2+1) ;
dr=*| 1-*1| 2;

di =*(1 1+1)-*(1 2+1);
yr=dr*w -di *w ;

yi =dr*w +di *wr;
*(11)=xr;*(l1+1) =xi ;
*(12)=yr; *(1 2+1) =yi ;
angl e+=ast ep;

}
}
}
}
FELEEEEErr i rr i rrirrri
/1 Decimation-in-tine radix-2 in-place inverse butterfly
/'l data: array of doubles:
Il re(0),imO0),re(l),im1l),...,re(size-1),imnmsize-1)
/1l it nmeans that size=array_length/2 !
I
/'l suggested use:
/1l intput in bit-reversed order
/1 output in normal order
I
/'l Source: Rabiner-CGold: Theory and Application of DSP
/'l Prentice Hall, 1978
void inverse dit_butterfly(double *data,long size){
| ong angl e, astep, dl ;
doubl e xr,yr,xi,yi,w,w,dr,di,ang;
double *11, *12, *end, *ol 2;
ast ep=si ze>>1;
end=dat a+si ze+si ze;
for(dl =2; ast ep>0; dl +=dl , ast ep>>=1) {
| 1=dat a;
| 2=dat a+dl ;
for(;l2<end;l1=l2,12=l2+dl){
ol 2=1 2;

for(angl e=0; I 1<ol 2; | 1+=2, | 2+=2) {

ang=2*pi *angl e/ si ze;
wr =cos(ang);
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W =si n(ang);

Xr=*|1;

Xi =*(11+1);

yr=*12;

yi =*(1 2+1);
dr=yr*w-yi*w ;

di =yr*w +yi *wr;

*(1 1) =xr+dr; *(1 1+1) =xi +di ;
*(12)=xr-dr;*(l2+1) =xi -di;
angl e+=ast ep;

}

}

FEEEEEEEEEr i rr i rirrirrri
/'l data shuffling into bit-reversed order
/'l data: array of doubles:

Il re(0),imO0),re(l),im1),...,re(size-1),insize-1)
/1l it nmeans that size=array_length/2 !
/1

/'l Source: Rabiner-Gold: Theory and Application of DSP
/'l Prentice Hall, 1978

voi d unshuffl e(double *data, |ong size){

long i,j,k, 1, m
double re,im

/1old version - turned out to be a bit slower
[*for(i=0;i<size-1;i++){
j =bitreverse(i, size);
if (j>i){ /I swap
re=datali+i];imedatali+i +1];
datal[i+i]=data[j+j];data[i+i +1] =data[] +] +1];
data[j+j]=re;data[j+) +1] =i m

}
p!
| =si ze- 1;
mesi ze>>1;
for (i=0,j=0; i<l ; i++){
RENCRSDA
re=datalj+j]; imedata[j+j +1];
datal[j+j]=datali+i]; data[j+]+1l]=data[i+i+1];
data[i+i]=re; data[i+i+1]=im
}
k=m
while (k<=j){
j-=k
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k>>=1;
j +=Kk;

}

FELEEEEEErr bbb rrirrri
/'l used by real fft

/| paraneters as above

I

/'l Source: Brigham The Fast Fourier Transform

/'l Prentice Hall, ?

void realize(double *data, |ong size){

doubl e xr,yr,xi,yi,w,w,dr,di,ang, astep;
double *I'1, *I2;

| 1=dat a;
| 2=dat a+si ze+si ze- 2;
Xr=*[1;
Xi =*(11+1);
*| 1=Xr +XI ;
*(1 1+1) =xr-xi ;
| 1+=2;

ast ep=pi / si ze;

for(ang=astep; | 1<=l 2;1 1+=2, | 2- =2, ang+=ast ep) {
Xr=(*11+*1 2)/ 2;
yi=(-(*11)+(*12))/2;
yr=(*(1 1+1) +*(1 2+1))/ 2;
xi=(*(11+1)-*(12+1))/2;
wr =cos(ang) ;
W =-si n(ang);
dr=yr*w-yi*w ;
di =yr*w +yi *wr;
*| 1=xr +dr;
*(1 1+1) =xi +di ;
*| 2=xr-dr;
*(12+1) =-xi +di ;

}

FEEEEEEEErr i rirrirrri
/1 used by inverse real fft

/| paraneters as above

Il

/'l Source: Brigham The Fast Fourier Transform

/'l Prentice Hall, ?

voi d unrealize(double *data, |ong size){
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doubl e xr,yr,xi,yi,w,w,dr,di,ang, astep;
double *I'1, *I2;

| 1=dat a;
| 2=dat a+si ze+si ze- 2;
xr=(*11)/2;
xi =(*(11+1))/2;
*| 1=Xr +XI ;
*(1 1+1) =xr-xi ;
| 1+=2;

ast ep=pi / si ze;

for(ang=astep; | 1<=Il2;1 1+=2, | 2- =2, ang+=ast ep) {
xr=(*11+*12)/ 2;
yi=(-(*11)+(*12))/2;
yr=(*(1 1+1) +*(1 2+1))/ 2;
xi=(*(11+1)-*(12+1))/ 2;
wr =cos(ang) ;
W =-sin(ang);
dr=yr*w-yi*w ;
di =yr*w +yi *wr;
*| 2=xr +dr;
*(1 1+1) =xi +di ;
*| 1=xr-dr;
*(12+1) =-xi +di ;

}

FLELLITE b rr bbb irrrrrn
/'l in-place Radi x-2 FFT for conpl ex val ues
/'l data: array of doubles:

Il re(0),im0),re(l),im1),...,re(size-1),in(size-1)
/1 it neans that size=array_|length/2 !
I

/1l output is in simlar order, normalized by array |ength
11
/'l Source: see the routines it calls ..

void fft(double *data, |ong size){
double *I, *end;

dif_butterfly(data, size);
unshuf fl e(data, si ze);

end=dat a+si ze+si ze;
for(l=data;l<end;|++){*l =*1/size;};

FEETLEEE b r bbb irrrrrr
/'l in-place Radix-2 inverse FFT for conpl ex val ues
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/'l data: array of doubles:

Il re(0),im0),re(1),im1l),...,re(size-1),imsize-1)
/1 it nmeans that size=array |length/2 !
I

/1l output is in simlar order, NOT normalized by
/1l array length

/1]

/[l Source: see the routines it calls ..

void ifft(double* data, |ong size){

unshuf f |l e(dat a, si ze) ;
inverse dit_butterfly(data,size);

}

FEEEEEEE i rr i rirrirrri
/'l in-place Radi x-2 FFT for real val ues

/'l (by the so-called "packing nethod")

/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(size-1)

I

/' out put:

Il re(0),re(sizel/l2),re(l),im1l),re(2),im2),..., re(sizel2-1),in(sizel2-1)
/1 normalized by array |ength

I

/! Source: see the routines it calls ..
void real fft_packed(doubl e *data, |ong size){

doubl e *I, *end;
doubl e div;

si ze>>=1;

dif _butterfly(data, size);
unshuf f |l e(dat a, si ze) ;
realize(data, si ze);

end=dat a+si ze+si ze;
di v=si ze+si ze;
for(l=data;l <end; | ++){*I =*I/div;};

FEEEEEEEErr i rr i rirrirrri
/1l in-place Radi x-2 inverse FFT for real values

/'l (by the so-called "packing nethod")

/'l data: array of doubles:

Il re(0),re(sizel2),re(l),im1l),re(2),im2),...,re(sizel2-1),in(sizel2-1)
/1

/1 output:

Il re(0),re(l),re(2),...,re(size-1)
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/1 NOT nornmalized by array |ength
/1
/] Source: see the routines it calls ..

void ireal fft_packed(doubl e *data, |ong size){
doubl e *I, *end;

Si ze>>=1,;

unreal i ze(dat a, si ze) ;
unshuf fl e(data, si ze);

inverse dit_butterfly(data, size);

end=dat a+si ze+si ze;
for(l=data;l <end; | ++){*I =(*I1)*2;};

LTI rrrrrrrrrrrrrrrirrrrg
/! Bruun FFT for real val ues
/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(size-1)

I

/'l out put:

Il re(0),re(sizel/l2),...,re(i),imi)... pairs in

/'l "bruun-reversed" order

/1 normalized by array |ength

I

/'l Source:

/1 Bruun: z-TransformDFT Filters and FFT' s

/'l 1EEE Trans. ASSP, ASSP-26, No. 1, February 1978
I

/1 Comments:

/1 (this version is inplenmented in a manner that every
/'l cosine is calculated only once;

/| faster than the other version (see next)

void real fft_bruun(double *data, |ong size){

double *end, *10, *I1, *12, *I|3;
long dl, dl2, dl_o, dl2_o, i, j, k, Kkk;
doubl e dO, d1, d2, d3, c, c2, p4;

end=dat a+si ze;
[Ifirst filterings, when there're only two taps
si ze>>=1;
dl =si ze;
dl 2=dl / 2;
for(;dl >1;dl >>=1, dl 2>>=1) {
| O=dat a;
| 3=dat a+dl ;
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for(i=0;i<dl;i++){
do=*10;
d2=*1| 3;
*| 0=d0+d2
*| 3=d0-d2
| O++;
| 3++;
}
}
| O=dat a; | 1=dat a+1;
do=*| 0; d1=*I 1;
*| 0=d0+d1; *| 1=d0- d1
| 1+=2;
*[1=-(*11);

/[/the remaining filterings

p4=pi/ (2*si ze);
j=1;
kk=1;
dl _o=si ze/ 2;
dl 2_o=si ze/ 4;
whi | e(dl _o0>1){
for (k=0; k<kk; k++) {
c2=p4*bruun_reverse(j, si ze);
c=2*cos(c2);
c2=2*sin(c2);
dl =dl _o;
dl 2=dl 2_o;
for(;dl >1;dl>>=1,dl 2>>=1){
| O=dat a+( (dl *j)<<1);
| 1=1 0+dl 2; | 2=1 0+dl ; | 3=I 1+dI ;
for(i=0;i<dl2;i++){
di=(*11)*c;
d2=(*1 2) *c;
d3=*1 3+(*1 1);
do=*1 0+(*I 2);
*| 0=d0+d1;
*| 1=d3+d2;
*| 2=d0- d1;
*| 3=d3- d2;
| 0++;
| 1++;
| 2++;
| 3++;

}
}

//real conversion
| 3-=4;
¥ 3=*13-¢c*(*10)/ 2;
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*1 0=-¢c2*(*10)/ 2;
*[1=* 1+c*(*1 2)/ 2;
*| 2=-¢c2*(*1 2)/ 2;

j ++;

}

dl _o>>=1;

dl 2_o>>=1;

kk<<=1;

}

[/division with array |length
si ze<<=1;
for(i=0;i<size;i++) data[i]=datali]/size;

}

FEEEEEEEEr i r i rr i rirrirrri
/1 Bruun FFT for real val ues
/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(size-1)

11

/'l out put:

Il re(0),re(sizel/2),re(1l),im1),re(2),im2),...,re(sizel/l2-1),in(sizel2-1)
/1 normalized by array |ength

Il

/'l Source: see the routines it calls ..
void real fft_bruun_unshuffl ed(doubl e *data, |ong size){

doubl e *dat a2;

real fft_bruun(data, si ze);
/[ lunshuffling - cannot be done in-place (?)
dat a2=(doubl e *)mal | oc(si ze*si zeof (doubl e));
for(i=1,k=size>>1;i<k;i++){
j =bruun_reverse(i, k) ;
data2[j+j]=data[i+i];
data2[j +j +1] =data[i +i +1];
}
for(i=2;i<size;i++) data[i]=data2[i];
free(data2);

FEEEEEEE i rr i rririrrirrri
/1 Bruun FFT for real val ues
/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(size-1)

11

/'l out put:

Il re(0),re(sizel/2),...,re(i),imi)... pairs in

[/ "bruun-reversed" order
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/1 normalized by array |ength

I

/'l Source:

/1 Bruun: z-Transform DFT Filters and FFT's

/'l 1EEE Trans. ASSP, ASSP-26, No. 1, February 1978

/1

/'l Comments:

/1l (this version is inplenmented in a row by-row manner;
/'l control structure is sinpler, but there are too

/'l much cosine calls - with a cosine |ookup table

/'l probably this would be slightly faster than bruun_fft

/*void real fft_bruun2(double *data, |ong size){

double *end, *10, *I1, *12, *I|3;
long dl, dl 2, i, j;
doubl e dO, d1, d2, d3, c, c2, p4;

end=dat a+si ze;
p4=pi/ (size);
si ze>>=1;
dl =si ze;
dl 2=dl / 2;
[lfirst filtering, when there're only two taps
for(;dl>1;dl>>=1,dl 2>>=1){
| O=dat a;
| 3=dat a+dl ;
for(i=0;i<dl;i++){
do=*10;
d2=*| 3;
*| 0=d0+d2
*| 3=d0- d2
| O++;
| 3++;
}
//the remaining filterings
=1
whi | e(| 3<end) {
| 0=l 3; 1 1=1 O+dl 2; | 2=l O+dl ; | 3=I 1+dlI
c=2*cos(p4*bruun_reverse(j, size));
for(i=0;i<dl2;i++){
do=*1 0;
di=*|1;
d2=*1 2;
d3=*| 3;
*| 0=d0+c*d1+d2;
*| 2=d0- c*d1+d2;
*| 1=d1+c*d2+d3;
*| 3=d1- c*d2+d3;
| O++;
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| 1++;
| 2++;
| 3++;
}
] ++;

}

//the last row. transformof real data
//the first two cells
| O=dat a; | 1=dat a+1;
do=*| 0; d1=*1I 1;
*| 0=d0+d1; *| 1=d0- d1
| 1+=2;
*|1=-(*11);
| 0+=4; | 1+=2;
//the remaining cells
=1
whi | e(| 0<end) {
c=p4*bruun_reverse(j, size);
c2=sin(c);
c=cos(c);
*0=*10-c*(*11);
*| 1=-c2*(*11);
| 0+=2;
| 1+=2;
*1 0=*1 O+c*(*I1);
*| 1=-c2*(*1 1);
| 0+=2;
| 1+=2;
] ++;
}
/[/division with array |length
for(i=0;i<size;i++) data[i]=datali]/size;
}
*/

//the sane as real fft_bruun_unshuffl ed,
//but calls realfft _bruun2
/*void real fft_bruun_unshuffl ed2(doubl e *data, |ong size){

doubl e *dat a2;
long i,j,Kk;

real fft_bruun2(data, si ze);
[ lunshuffling - cannot be done in-place (?)
dat a2=(doubl e *) mal | oc(si ze*si zeof (doubl e));
for(i=1, k=size>>1;i<k;i++){
j =bruun_reverse(i, k);
data2[j+j]=data[i+i];
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data2[j +j +1] =dat a[ i +i +1];
}
for(i=2;i<size;i++) data[i]=data2[i];
free(data2);
p*l

FELEEEEEErr bbb rrirrri
/'l Sorensen in-place split-radix FFT for real values

/'l data: array of doubl es:

/Il re(0),re(l),re(2),..., re(size-1)

I

/'l out put:

Il re(0),re(l),re(2),...,re(sizel2),imsizel/2-1),...,im1)
/1 normalized by array |ength

11

/'l Source:

/'l Sorensen et al: Real -Valued Fast Fourier Transform Al gorithns,
/'l 1EEE Trans. ASSP, ASSP-35, No. 6, June 1987

void real fft_split(double *data,long n){

long i,j,k,15,i6,17,i8,i0,id,i1,i2,i3,i4,n2,n4,n8§;
double t1,t2,t3,t4,t5,t6, a3, ss1, ss3,ccl,cc3, a, e, sqrt2;

sqrt2=sqrt(2.0);
n4=n-1,

//data shuffling
for (i=0,)=0,n2=n/2; i<n4 ; i++){

if (i<i){
tl=data[j];
datal[j]=datali];
data[i]=t1;
}

k=n2;

while (k<=j){
I-=k;
k>>=1;
}

j+=k;

}
/* ______________________ */
/1length two butterflies
i 0=0;
i d=4;
do{
for (; 10<n4; i0+=id){
i 1=i 0+1;
t 1=data[i 0] ;
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}
i d<<=1;
i 0=id- 2;
I d<<=1;
} while (i0<n4 );

/1L shaped butterflies

n2=2;

f or (k=n; k>2; k>>=1) {
n2<<=1;
n4=n2>>2;
n8=n2>>3;

e = 2*pi/(n2);
i 1=0;
I d=n2<<1;
do{
for (; i1<n;

}
I d<<=1;
i 1=id-n2;
I d<<=1;
} while ( il<n);
a=e;
for (j=2; ]<=n8;
a3=3*a;
ccl=cos(a);

ssl=sin(a);
cc3=cos(a3);

data[i O] =t 1+data[i 1];
data[i 1] =t1l-data[i 1];

i 1+=id){
i 2=i 1+n4;
i 3=i 2+n4;
i 4=i 3+n4;
t 1=data[i 4] +data[i 3];
data[i 4] -=data[i 3];
data[i 3] =datail]-t1l
data[i 1] +=t 1;
if (n4!=1){

i 0=i 1+n§;

i 2+=n8;

i 3+=n8;

i 4+=n8;
t1=(datali 3] +data[i4])/sqrt2;
t2=(datali3]-data[i4])/sqrt2;
datali 4] =data[i2]-t1;

data[i 3] =-data[i2]-t1;
datali 2] =data[i 0] -t2;

data[i 0] +=t 2;
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ss3=sin(al3);
a=j *e;
i =0;
i d=n2<<1;
do{
for (; i<n; i+=id){
i 1=i +j -1;
I 2=i 1+n4;
i 3=i 2+n4;
I 4=i 3+n4;
I 5=i +n4-j +1;
i 6=i 5+n4;
| 7=1 6+n4;
i 8=i 7+n4;
t1=data[i 3] *ccl+data[i 7] *ss1
t2=data[i 7] *ccl-data[i 3] *ssl
t3=dat a[ i 4] *cc3+data[i 8] *ss3;
t4=data[i 8] *cc3-data[i 4] *ss3;
t 5=t 1+t 3;
t 6=t 2+t 4;
t3=t1-t3;
t4=t2-t4;
t 2=dat a[ i 6] +t 6;
datal[i 3] =t6-datali6];
datali 8] =t 2;
t2=data[i2]-t3;
datal[i 7] =-data[i2]-t3;
data[i 4] =t 2;
t 1=dat a[ i 1] +t 5;
datali 6] =data[i 1] -t5;
data[i 1] =t1;
t 1=dat a[ i 5] +t 4;
data[i 5] - =t 4;
datali 2] =t1;
}
i d<<=1;
i =i d-n2;
I d<<=1;
} while(i<n);

/[/division with array |length
for(i=0;i<n;i++) data[i]/=n;

FEEEEEEEErr i rrirrri
/'l Sorensen in-place split-radix FFT for real values
/'l data: array of doubl es:
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Il re(0),re(l),re(2),...,re(size-1)

11

/1 out put:

Il re(0),re(sizel/2),re(1l),im1),re(2),im2),...,re(sizel/l2-1),in(sizel2-1)
/'l normalized by array |ength

Il

/'l Source:

/'l Source: see the routines it calls ..

void real fft_split_unshuffl ed(double *data,long n){

doubl e *dat a2;
long i,j;

real fft_split(data,n);
[lunshuffling - not in-place
dat a2=(doubl e *) mal | oc(n*si zeof (doubl e) ) ;
] =n/ 2;
dat a2[ 0] =dat a[ 0] ;
dat a?2[ 1] =data[j ];
for(i=1;i<j;i++) {data2[i+i]=data[i];data2[i+i+1]=data[n-i];}
for(i=0;i<n;i++) data[i]=data2[i];
free(data2);
}

FEEEEEEEEr i rririrrirrri

/'l Sorensen in-place inverse split-radix FFT for real val ues
/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(sizel2),imsizel2-1),...,im1)
I

/| out put:

Il re(0),re(l),re(2),...,re(size-1)

/1 NOT normalized by array |ength

I

/'l Source:

/'l Sorensen et al: Real-Valued Fast Fourier Transform Al gorithns,
/'l 1EEE Trans. ASSP, ASSP-35, No. 6, June 1987

void irealfft_split(double *data,long n){

long i,j,k,15,i6,17,i8,i0,id,i1,i2,i3,i4,n2,n4,n8,nl
double t1,t2,t3,t4,1t5, a3, ssl,ss3,ccl,cc3, a, e, sqrt2;

sqrt2=sqrt(2.0);

nl=n-1;

n2=n<<l1;

f or (k=n; k>2; k>>=1) {
i d=n2;
n2>>=1,
n4=n2>>2;
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n8=n2>>3;
e = 2*pi/(n2);
i 1=0;
do{
for (; i1<n;

I 1+=id) {

i 2=i 1+n4;

i 3=i 2+n4;

i 4=i 3+n4;

t1l=datali l]-datali 3];
data[i 1] +=data[i 3] ;
data[i 2] *=2;

data[i 3] =t 1-2*data[i 4];
data[i 4] =t 1+2*dat a[i 4] ;
if (n4!'=1){

}

i d<<=1;
i 1=i d-n2;
i d<<=1;

} while (il<nl);

a=e;

for (j=2; j<=n§;
a3=3*a;
ccl=cos(a);
ssl=sin(a);

cc3=cos(a3);
ss3=si n(al);

asj *e;
i =0;
i d=n2<<1;
do{
for (;

j )

i <n;

i 0=i 1+n8;

I 2+=n8;

i 3+=n8§;

i 4+=n8;
t1l=(datali2]-data[iO])/sqrt2;
t2=(datali 4] +data[i3])/sqrt2;
data[i 0] +=data[i 2];

datal[i 2] =data[i 4] -data[i 3];
data[i 3] =2*(-t2-t1);
data[i 4] =2*(-t2+t1);

i +=i d) {

i 1=i+j-1;
i 2=i 1+n4;
i 3=i 2+n4;
I 4=i 3+n4;
I 5=i +n4-j +1;
i 6=1 5+n4;
i 7=1 6+n4;
i 8=i 7+n4;
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t1=data[i 1] -datali 6];
data[i 1] +=data[i 6] ;
t2=datal[i5]-datali2];
data[i 5] +=data[i 2];
t3=data[i 8] +data[i 3];
data[i 6] =data[i 8] -data[i 3];
t4=data[i 4] +data[i 7];
datali 2] =data[i4]-datali7];
t 5=t 1-t 4;

t 1+=t 4,

t4=t 2-t 3;

t2+=t 3;
data[i 3] =t 5*ccl+t 4*ssl
data[i 7] =-t4*ccl+t 5*ssl;
datafi 4] =t1*cc3-t2*ss3;
datafi 8] =t 2*cc3+t 1*ss3;

}

i d<<=1;
i =i d-n2;
i d<<=1;
} while(i<nl);
}
}
/* ______________________ */
i 0=0;
i d=4;
do{
for (; 10<nl; i0+=id){
i 1=i 0+1;
t 1=data[i 0] ;
data[i O] =t 1+data[i 1];
data[i 1] =t 1-data[i 1];
}
i d<<=1;
i 0=id- 2;
i d<<=1;

} while (i0<nl );

______________________ * |

//data shuffling

for (i=0,j=0,n2=n/2;
HE (<))o

k=n2;
while (k<=j){

i<nl ; i++){
tl=data[j];
data[j]=data[i];
data[i]=t1,;

}
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-7k,
k>>=1;

j+=k;

FELEEEEEEEr b rr i rrirrri
/'l Sorensen in-place radix-2 FFT for real val ues

/'l data: array of doubles:

Il re(0),re(l),re(2),...,re(size-1)

I

/'l out put:

Il re(0),re(l),re(2),...,re(sizel2),imsizel2-1),...,imM1)
/1 normalized by array |ength

11

/'l Source:

/'l Sorensen et al: Real-Valued Fast Fourier Transform Al gorithmns,
/'l 1EEE Trans. ASSP, ASSP-35, No. 6, June 1987

void real fft_radi x2(doubl e *data, | ong n){

double xt,a,e, tl1l, t2, cc, ssS;
long i, j, k, nl, n2, n3, n4, il 12, i3, i4;

n4=n-1;
//data shuffling
for (i=0,)=0,n2=n/2; i<n4 ; i++){

if (i<i){
xt=data[j];
dataf[j]=datali];
data[i] =xt;
}
k=n2;
while (k<=j){
I -=k;
k>>=1;
}
j+=k;
}
/* ____________________ */
for (i=0; i<n; i += 2)
{
xt = data[i];
data[i] = xt + data[i +1];
data[i+1] = xt - data[i+1];
}
/* ________________________ */
n2 =1
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for (k=n;k>2; k>>=1){

n4d = n2;
n2 = n4 << 1,
nl = n2 << 1;

e = 2*pi/(nl);

for (i=0; i<n; i+=nl){
xt = data[i];
data[i] = xt + data[i +n2];
data[i +n2] = xt-data[i+n2];

data[i +n4+n2] = -data[i +n4+n2];
a = e;
n3=n4-1,
for (j =1; j <=n3; j++){
i1 =1i+4;
i2 =1 -] + n2
i3 =11l + n2;
i4 =1 - j + nl;
cc = cos(a);
ss = sin(a);
a += e;
tl = data[i3] * cc + data[i4] * ss;
t2 = data[i3] * ss - data[i4] * cc;
data[i 4] = data[i2] - t2;
data[i3] = -data[i2] - t2
data[i2] = data[il] - t1;

data[il] += t1;

/ldivision with array | ength
for(i=0;i<n;i++) data[i]/=n;

FEEEEEEEErr i i rrirrri
/| Sorensen in-place split-radix FFT for real values

/'l data: array of doubl es:

/Il re(0),re(l),re(2),..., re(size-1)

I

/| output:

Il re(0),re(sizel/2),re(l),iml),re(2),im2),...,re(sizel2-1),in(sizel?2-1)
/1l normalized by array |ength

I

/'l Source:

/'l Source: see the routines it calls ..

void real fft_radi x2_unshuffl ed(doubl e *data, | ong n){

doubl e *dat a2;
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long i,j;

[lunshuffling - not in-place

real fft_radi x2(data,n);

dat a2=(doubl e *)mal | oc(n*si zeof (doubl e));

] =n/ 2;

dat a2[ 0] =dat a[ 0] ;

dataz2[ 1] =data[]];

for(i=1;i<j;i++) {data2[i+i]=data[i];data2[i+i+1]=data[n-i];}
for(i=0;i<n;i++) data[i]=data2[i];

free(data2);
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FFT classes in C++ and Object Pascal

Type: Real-to-Complex FFT and Complex-to-Real IFFT
References : Laurent de Soras (Object Pascal trandation by Frederic VVanmol)
Linked file: FFTReal.zip

Notes:
(seelinkfile)
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Float to int

Float to int

References : Posted by Ross Bencina

Notes:
intel only

Code:

int truncate(float flt)
{. -
int i;
static const double half = 0.5f;
_asm
{
fld flt
fsub hal f
fistp i
}

return i
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Float-to-int, coverting an array of floats

References : Posted by Stefan Stenzel

Notes:
intel only
Code:
void f2short(float *fptr,short *iptr,int n)
{
_asm {
nov ebx, n
nmov esi, fptr
nmov edi,iptr
| ea ebx, [ esi +ebx* 4] ; ptr after |ast
nov edx, 0x80008000 ; damm endi aness conf uses..
nov ecx, 0x4b004b00 ; damm endi aness conf uses..
nmov eax, [ ebx] ; get last val ue
push eax
nov eax, 0x4b014B01
nmov [ ebx], eax ; mark end
nmov ax, [ esi +2]
j mp startf2slp

; Pad with nops to nmake | oop start at address divisible

; by 16 + 2, e.g. 0x01408062, don't ask why, but this

; gi ves best performance. Unfortumately "align 16" does

; not seemto work with ny VC

; bel ow I noted the neasured execution times for different
; nop- paddi ngs on ny Pentium Pro, 100 conversions.

; saturation: off pos neg

nop ; 355 546 563 <- seens to be best
; nop ; 951 547 544
; nop ;444 646 643
; nop ;444 646 643
; nop ;944 951 950
; nop ; 358 447 644
; nop ; 358 447 643
; nop ; 358 544 643
; nop ; 543 447 643
; nop ; 643 447 643
; nop ; 1047 546 746
; nop ; 545 954 1253
; nop ; 545 547 661
; nop ; 544 547 746
; nop ;444 947 1147
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, nop

i n_range:
nov
xor

sat ur at e:
| ea
nov
nov
add

startf 2sl p:
cm
je
nov
IS
dec
cmp
jb
pop
nov

}

. 444 548 545

eax, [ esi]
eax, edx

esi, [ esi +4]
[edi], ax
ax, [ esi +2]
edi, 2

ax, cx
i n_range

eax, edx

saturate ; saturate neg -> 0x8000
eax ; saturate pos -> Ox7FFF
esi , ebx ; end reached ?

saturate

eax

[ ebx], eax ; restore end flag
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Formant filter

References : Posted by Alex

Code:

/*

Publ i c source code by alex@martel ectroni x.com

Si npl e exanpl e of inplenentation of formant filter
Vowel num can be 0,1,2,3,4 <=> AEI,QU

Good for spectral rich input |ike saw or square

*/

CCOEFFI Cl ENTS

const double coeff[5][11]= {

{ 8.11044e-06,

8.943665402, -36.83889529, 92.01697887, -154.337906, 181.6233289,

-151. 8651235, 89.09614114, -35.10298511, 8.388101016, -0.923313471 ///A
b

{4.36215e- 06,

8.90438318, -36.55179099, 91.05750846, -152.422234, 179.1170248, ///E
-149. 6496211, 87. 78352223, -34.60687431, 8.282228154, -0.914150747

}1
{ 3.33819e-06,

8. 893102966, -36.49532826, 90.96543286, -152.4545478, 179.4835618,

-150. 315433, 88.43409371, -34.98612086, 8.407803364, -0.932568035 ///I
}

{1.13572e- 06,

8.994734087, -37.2084849, 93.22900521, -156.6929844, 184.596544, /110
-154. 3755513, 90. 49663749, -35.58964535, 8.478996281, -0.929252233

I

{4.09431e-07,

8.997322763, -37.20218544, 93.11385476, -156.2530937, 183.7080141, ///U
-153. 2631681, 89.59539726, -35.12454591, 8.338655623, -0.910251753

g

float formant _filter(float *in, int vowel num
{

res= (float) ( coeff[vowel num[O0] *in +
coeff[vowel nunj[1] *nenory[0] +
coeff[vowel nunj[2] *nenoryl[ 1]
coef f[vowel num [ 3] *nenory[ 2]
coeff[vowel nunj[4] *nenory| 3]
coeff[vowel nunj[5] *nenory| 4]
coeff[vowel nunj[ 6] *nenory|[ 5]

+ 4+ + + +
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coeff[vowel num [7] *nenory[6] +
coeff[vowel nunj[8] *nenory[7] +
coeff[vowel nuni[9] *nenory[8] +
coeff[vowel nunj[10] *nenory[9] );

menory[ 9] = nenory[ 8] ;
menory[ 8] = nenory[ 7] ;
menory[ 7] = nmenory[ 6] ;
menor y[ 6] = menory[ 5] ;
menor y[ 5] = nenory[ 4] ;
menory[ 4] = nmenory[ 3] ;
menory[ 3] = nenory[ 2] ;
menory[ 2] = nenory[ 1] ;
menory[ 1] = nmenory[ 0] ;

menor y[ 0] =(doubl e) res;
return res;

}
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Gaussian dithering

Type: Dithering
References : Posted by Aleksey Vaneev (picoder[AT]mail[DOT]ru)

Notes:

It is a more sophisticated dithering than simple RND. It gives the most low noise floor for the
whole spectrum even without noise-shaping. Y ou can use as big N as you can afford (it will not
hurt), but 4 or 5 is generally enough.

Code:
Basically, next value is calculated this way (for RND going from-0.5 to
0.5):
dither = (RND+RND+...+RND) / N.
\ /
\-- /
N tines

| f your RND goes fromO to 1, then this code is applicable:

dither = (RND+RND+...+RND - 0.5*N) / N.
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Gaussian White noise

References : Posted by Alexey Menshikov

Notes:
Code | use sometimes, but don't remember where | ripped it from.

- Alexey Menshikov

Code:
#define ranf() ((float) rand() / (float) RAND MAX)

float ranfGauss (int m float s)
{

static int pass = O;

static float y2;

float x1, x2, w, y1;

i f (pass)

x1 2.0f * ranf () - 1.0f;

X2 2.0f * ranf () - 1.0f;
w=x1?%* x1 + x2 * x2

} while (w>= 1.0f);

w= (float)sqrt (-2.0 * log (W) / W;
yl X1 * w
y2 X2 * W

}

pass = ! pass;

return ( (yl * s + (float) m);
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Gaussian White Noise

References : Posted by remage] AT]netposta.hu

Notes:
SOURCE:

Steven W. Smith:
The Scientist and Engineer's Guide to Digital Signal Processing
http://www.dspguide.com

Code:
#define Pl 3.1415926536f

float R1
float R2

(float) rand() / (float) RAND_MAX;
(float) rand() / (float) RAND_MAX;

float X = (float) sqrt( -2.0f * log( RL )) * cos( 2.0f * Pl * R2);
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Guitar feedback

References : Posted by Sean Costello

Notes:
It isfairly ssmple to simulate guitar feedback with a simple Karplus-Strong algorithm (this was
described inaCMJ article in the early 90's):

Code:
Run the output of the Karplus-Strong delay lines into a nonlinear shaping

function for distortion (i.e. 6 parallel delay lines for 6 strings, going
into 1 nonlinear shaping function that sinulates an overdriven anplifier,
fuzzbox, etc.);

Run part of the output into a delay line, to sinulate the distance fromthe
anplifier to the "strings";

The delay line feeds back into the Karplus-Strong delay |ines. By
controlling the anount of the output fed into the delay line, and the
I ength of the delay line, you can control the intensity and pitch of the

f eedback note.
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Hermite interpollation

References : Posted by various

Notes:
These are all different ways to do the same thing : hermite interpollation. Try'm all and
benchmark.

Code:
/1 original
inline float hermtel(float x, float yO, float yl1l, float y2, float y3)

{
/[l 4-point, 3rd-order Hermte (x-form
float cO = y1,
float c1 = 0.5f * (y2 - yO0);
float c2 =y0 - 2.5f * y1 + 2. f * y2 - 0.5f * y3;
float ¢3 = 1.5f * (yl - y2) + 0.5f * (y3 - y0);
return ((c3 * x +c2) * x +c¢cl) * x + c0;

}

/1l james ntcart ney
inline float hermte2(float x, float yO, float yl1l, float y2, float y3)

{
/[l 4-point, 3rd-order Hermte (x-form
float cO = y1,
float ¢c1 = 0.5f * (y2 - yO0);
float ¢3 = 1.5f * (yl - y2) + 0.5f * (y3 - y0);
float c2 = y0 - yl + ¢l - c3;
return ((c3 * x + c2) * x +cl) * x + c0;
}

/1l james ntcart ney
inline float hermte3(float x, float yO, float yl1l, float y2, float y3)

{
/[l 4-point, 3rd-order Hermte (x-form
float cO = y1,
float c1 = 0.5f * (y2 - yO0);
float yOnyl = y0 - yl1;
float ¢3 = (yl - y2) + 0.5f * (y3 - yOnyl - y2);
float c2 = yOnyl + cl - c3;
return ((c3 * x + ¢c2) * x +cl) * x + c0;
}

/1l laurent de soras
inline float hermted4(float frac_pos, float xml, float x0, float x1, fl oat
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X2)
{
const fl oat c (x1 - xnl) * 0.5f;
const fl oat v x0 - x1
const fl oat w =Cc + vV;
a
b

const fl oat w+ v + (x2 - x0) * 0.5f;
const fl oat w + a;

>
D
«Q
I

return ((((a * frac_pos) - b neg) * frac_pos + c) * frac_pos + x0);
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Inverted parabolic envelope

Type: envellope generation
References : Posted by James McCartney

Code:

dur = duration in sanples

m dl evel = anplitude at m dpoi nt

begl evel = beginning and ending | evel (typically zero)
anp = mdlevel - beglevel;

rdur = 1.0 / dur;

rdur2 = rdur * rdur;

| evel = begl evel;

slope = 4.0 * anp * (rdur - rdur2);
curve = -8.0 * anp * rdur2

for (i=0; i<dur; ++i) {
| evel += sl ope;
sl ope += curve;
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Lock free fifo

References : Posted by Timo
Linked file : LockFreeFifo.h (thislinked file isincluded below)

Notes:
Simple implementation of alock free FIFO.

Linked files

#i ncl ude <vector>
#i ncl ude <exception>

usi ng std::vector;
usi ng std::exception;

tenpl at e<cl ass T> cl ass LockFreeFifo

{
publi c:
LockFreeFi fo (unsigned bufsz) : readidx(0), witeidx(0), buffer(bufsz)
{}
T get (void)
{
i f (readidx == witeidx)
throw runtime_error ("underrun");
T result = buffer[readidx];
if ((readidx + 1) >= buffer.size())
readi dx = O;
el se
readi dx = readidx + 1;
return result;
}
void put (T datum
{

unsi gned new dx;

if ((witeidx + 1) >= buffer.size())
new dx = O;

el se
newi dx = witeidx + 1;

i f (new dx == readi dx)
throw runtine_error ("overrun");

buffer[witeidx] = datum
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Lock freefifo

witei dx = new dx;

}

private:
vol atil e unsigned readidx, witeidx;
vect or <T> buffer;

1
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Look ahead limiting

References : Posted by Wilfried Welti

Notes:

use add_value with all values which enter the look-ahead area,
and remove _value with all value which leave this area. to get
the maximum value in the look-ahead area, use get_max_value.
in the very beginning initialize the table with zeroes.

If you always want to know the maximum amplitude in
your look-ahead area, the thing becomes a sorting
problem. very primitive approach using alook-up table

Code:
voi d | ookup_add(unsi gned section, unsigned size, unsigned val ue)

{
if (section==val ue)
| ookup[ secti on] ++;
el se
{
Size >>= 1;
i f (val ue>secti on)

{
| ookup[ secti on] ++;
| ookup_add(secti on+si ze, si ze, val ue) ;
}
el se
| ookup_add(secti on-si ze, si ze, val ue) ;
}
}
voi d | ookup_renove(unsi gned section, unsigned size, unsigned val ue)
{

if (section==val ue)
| ookup[ section]--;
el se
{
Size >>= 1;
i f (val ue>secti on)

{

| ookup[ section]--;

| ookup_renove(section+si ze, si ze, val ue);
}
el se

| ookup_renove(section-size, size, val ue);
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Look ahead limiting

}
}
unsi gned | ookup_get max(unsi gned section, unsigned size)
{
unsi gned max = | ookup[section] ? section : O;
Size >>= 1;
if (size)
i f (max)
{
max = | ookup_get max((section+size), si ze);
if (!'max) max=secti on;
}
el se
max = | ookup_get max((section-size), size);
return nex;
}
voi d add_val ue(unsi gned val ue)
{
| ookup_add( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1, val ue);
}
voi d renove_val ue(unsi gned val ue)
{
| ookup_renove( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1, val ue);
}
unsi gned get _max_val ue()
{
return | ookup_get max( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1);
}
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Lowpass filter for parameter edge filtering

Lowpass filter for parameter edge filtering

References: Olli Niemitalo
Linked file: filterO0L.gif (thislinked fileisincluded below)

Notes:
use thisfilter to smooth sudden parameter changes
(seelinkfilel)

Code:
/* - Three one-poles conbined in parall el
* - Qutput stays within input limts

* - 18 dB/oct (approx) frequency response rolloff
* - Quite fast, 2x3 parallel multiplications/sanple, no internal buffers
* - Time-scalable, allowing use with different sanplerates
* - |lnmpul se and edge responses have continuous differential
* - Requires high internal nunerical precision
*/
{
/* Paranmeters */
/1 Nunmber of sanples fromstart of edge to hal fway to new val ue
const doubl e scal e = 100;
/'l 0 < Snoothness < 1. High is better, but may cause precision
pr obl ens
const doubl e snmoot hness = 0. 999;
/* Precalc variables */
doubl e a =1.0-(2.4/scale); // Could also be set
directly
doubl e b = snoot hness; I -"-
doubl e acoef = a;
doubl e bcoef = a*b
doubl e ccoef = a*b*b
doubl e mastergain = 1.0 / (-

1.0/ (log(a)+2.0*l og(b))+2.0/
(log(a)+log(b))-1.0/1o0g(a));

doubl e agai n = nast ergai n;
doubl e bgain = mastergain * (log(a*b*b)*(log(a)-
l og(a*b)) /

((log(a*b*b)-1og(a*b))*l og(a*b))
- log(a)/log(a*h));
doubl e cgain = mastergain * (-(log(a)-log(a*b)) /
(I og(a*b*b)-1og(a*b)));

/* Runtine vari abl es */

| ong streanof s;
doubl e areg = 0;
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Lowpass filter for parameter edge filtering

doubl e breg = 0;
doubl e creg 0

/[* Main | oop */
for (streanofs = 0; streanofs < streansize; streanofs++)

{
/* Update filters */
areg = acoef * areg + fronstream [streanofs];
breg = bcoef * breg + fronstream [streanofs];
creg = ccoef * creg + fronstream [ streanofs];
/* Conbine filters in parallel */
| ong tenmp = again * areg
+ bgain * breg
+ cgain * creg;
/* Check clipping */
if (tenmp > 32767)
{
tenp = 32767;
}
else if (tenp < -32768)
{
tenp = -32768,;
}
/* Store new val ue */
tostream [streanofs] = tenp;
}
}
Linked files
3 parallel poles
1 pole ™, ]
................ -'. ..""hl ...'.-HII
Yisual comparizon of edge fitering technigues Mo filkering
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LP and HP filter

Type: biquad, tweaked butterworth
References : Posted by Patrice Tarrabia

Code:
r =rez amount, fromsqrt(2) to ~ 0.1
f = cutoff frequency

(from~0 Hz to Sanpl eRate/ 2 - though many
synths seemto filter only up to Sanpl eRate/4)

The filter al go:
out(n) = al * in + a2 * in(n-1) + a3 * in(n-2) - bl*out(n-1) - b2*out(n-2)

Lowpass:
c =1.0/ tan(pi * f / sanple_rate);

al =1.0/ ( L.O+r *c +c* cC);
a2 = 2* al;

a3 = al;

b1 =2.0* ( 1.0 - c*c) * al;

b2 = ( 1.O - r *c +c * c) * al;

Hi pass:
c =tan(pi * f / sanple_rate);

al =10/ ( 1.O+r *c +c * c);
a2 = -2*al;

a3 = al;

bl =2.0* ( c*c - 1.0) * al;

b2 =( 1.O-r *c +c * ¢c) * al;
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Magnitude and phase plot of arbitrary IR function, up to 5th order

Magnitude and phase plot of arbitrary IIR function, up to 5th
order

Type : magnitude and phase at any frequency
References : Posted by George Y ohng

Notes:
Amplitude and phase calculation of IR equation
run at sample rate "sampleRate" at frequency "F".

AMPLITUDE

cf_mag(F,sampleRate,
a0,al,a2,a3,a4,a5,
b0,b1,b2,b3,b4,b5)

cf_phi(F,sampleRate,
a0,al,a2,a3,a4,ab5,
b0,b1,b2,b3,b4,b5)

If you need afrequency diagram, draw a plot for
F=0...sampleRate/2

If you need amplitude in dB, use cf_lin2db(cf_mag(.......))
Set bO=-1 if you have such function:

y[n] = aO*X[n] + al*x[n-l] + a2*x[n-2] + a3*x[n-3] + a4*x[n_4] + a5*x[n-5] +
+b1*y[n-1] + b2*y[n-2] + b3*y[n-3] + bd*y[n-4] + b5*y[n-5];

Set bO=1 if you have such function:

y[n] = a0*X[n] + al*Xx[n-1] + a2*x[n-2] + a3*x[n-3] + ad*x[n-4] + a5*x[n-5] +
- b1*y[n-1] - b2*y[n-2] - b3*y[n-3] - b4*y[n-4] - b5*y[n-5];

Do not try to reverse engineer these formulae - they don't give any sense
other than they are derived from transfer function, and they work. :)
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Magnitude and phase plot of arbitrary IIR function, up to 5th order

Code:

/ *

C file can be downl oaded from
http://ww. yohng. com dsp/ cfsnp. c
*/

#define C_ Pl 3.14159265358979323846264

doubl e cf _mag(doubl e f, double rate,
doubl e a0, doubl e al, doubl e a2, doubl e a3, doubl e a4, doubl e a5,
doubl e b0, doubl e bl, doubl e b2, doubl e b3, doubl e b4, doubl e b5)

return
sqrt((a0*a0 + al*al + a2*a2 + a3*a3 + ad4*a4 + ab5*a5 +

2*(a0*al + al*a2 + a2*a3 + a3*a4 +

ad4*ab)*cos((2*f*C Pl)/rate) +
2*(a0*a2 + al*a3 + a2*a4 + a3*ab5)*cos((4*f*C Pl)/rate) +
2*a0*a3*cos((6*f*C Pl)/rate) + 2*al*ad*cos((6*f*C Pl)/rate)
2*a2*ab*cos((6*f*C Pl)/rate) + 2*a0*ad*cos((8*f*C _Pl)/rate)
2*al*ab*cos((8*f*C Pl)/rate) +

2*a0*ab*cos((10*f*C Pl)/rate))/
(b0*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +
2*(b0*b1l + bl*b2 + b2*b3 + b3*b4 +

b4*b5)*cos((2*f*C Pl)/rate) +
2*(b0*b2 + bl*b3 + b2*b4 + b3*b5)*cos((4*f*C Pl)/rate) +
2*b0*b3*cos((6*f*C Pl)/rate) + 2*bl*b4*cos((6*f*C Pl)/rate)
2*b2*b5*cos((6*f*C Pl )/rate) + 2*b0*b4*cos((8*f*C _Pl)/rate)
2*b1*b5*cos((8*f*C Pl)/rate) +

2*b0*b5*cos((10*f*C Pl )/rate)));

}

+ +

+ +

doubl e cf _phi (doubl e f, doubl e rate,
doubl e a0, doubl e al, doubl e a2, doubl e a3, doubl e a4, doubl e a5,
doubl e b0, doubl e bl, doubl e b2, doubl e b3, doubl e b4, doubl e b5)

atan2((a0*b0 + al*bl + a2*b2 + a3*b3 + a4*b4 + ab5*b5 +

(a0*bl + al*(b0 + b2) + a2*(bl + b3) + ab5*b4 + a3*(b2 + b4) +
a4*(b3 + b5))*cos((2*f*C Pl)/rate) +
((a0 + a4)*b2 + (al + a5)*b3 + a2*(b0 + b4) +
a3*(bl + b5))*cos((4*f*C Pl)/rate) +

a3*b0*cos((6*f*C Pl)/rate) +
ad*bl*cos((6*f*C Pl)/rate) + ab5*b2*cos((6*f*C Pl)/rate)
a0*b3*cos((6*f*C Pl)/rate) + al*b4d*cos((6*f*C Pl)/rate)
a2*b5*cos((6*f*C Pl)/rate) + a4*b0*cos((8*f*C Pl)/rate)
ab*bl*cos((8*f*C Pl)/rate) + aO*b4d*cos((8*f*C Pl)/rate)
al*b5*cos((8*f*C Pl)/rate) +
(a5*b0 + a0*b5)*cos((10*f*C Pl)/rate))/
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(b0*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +
2*((b0O*bl + bl*b2 + b3*(b2 + b4) +

b4*b5) *cos((2*f*C Pl)/rate) +
(b2*(b0 + b4) + b3*(bl + b5))*cos((4*f*C_Pl)/rate) +
(b0*b3 + bl*b4 + b2*b5)*cos((6*f*C Pl)/rate) +
(b0*b4 + bl*b5)*cos((8*f*C Pl)/rate) +
bO*b5*cos((10*f*C Pl)/rate))),

((al*b0 + a3*b0 + a5*b0 - al0*bl + a2*bl + ad4*bl - al*b2 +
a3*b2 + a5*b2 - a0*b3 - a2*b3 + a4*b3 -
al*b4 - a3*b4 + a5*b4 - a0*b5 - a2*b5 - a4*b5 +
2*(a3*bl + ab*bl - a0*b2 + a4*(b0 + b2) - al*b3 + a5*b3 +
a2*(b0 - b4) - a0*b4 - al*b5 - a3*b5)*cos((2*f*C Pl)/rate) +
2*(a3*b0 + a4*bl + a5*(b0 + b2) - a0*b3 - al*b4 - a0*b5 -
a2*p5b) *
cos((4*f*C Pl)/rate) + 2*ad4*bO*cos((6*f*C Pl)/rate) +
2*ab5*bl*cos((6*f*C Pl)/rate) - 2*a0*b4*cos((6*f*C _Pl)/rate)
2*al*b5*cos((6*f*C Pl)/rate) + 2*a5*b0*cos((8*f*C _Pl)/rate)
2*a0*b5*cos((8*f*C Pl)/rate))*sin((2*f*C Pl)/rate))/
(b0*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +
2*(b0*b1l + bl*b2 + b2*b3 + b3*b4 +
b4*b5)*cos((2*f*C Pl)/rate) +
2*(b0*b2 + bl*b3 + b2*b4 + b3*b5)*cos((4*f*C Pl)/rate) +
2*b0*b3*cos((6*f*C Pl)/rate) + 2*bl*b4*cos((6*f*C Pl)/rate)
2*b2*b5*cos((6*f*C Pl)/rate) + 2*b0*b4*cos((8*f*C _Pl)/rate)
2*b1*b5*cos((8*f*C Pl)/rate) +
2*b0*b5*cos((10*f*C Pl )/rate)));

}

doubl e cf _l'i n2db(doubl e 1in)

{
if (lin<9e-51) return -1000; /* prevent invalid operation */
return 20*1 og10(!lin);

}
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MATLAB-Tools for SNDAN

MATLAB-Tools for SNDAN

References : Posted by Markus Sapp
Linked file : other001.zip

Notes:
(seelinkfile)
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Measuring interpollation noise

References : Posted by Jon Watte

Notes:

Y ou can easily estimate the error by evaluating the actual function and
evaluating your interpolator at each of the mid-points between your
samples. The absolute difference between these values, over the absolute
value of the "correct” value, isyour relative error. 1og10 of your relative
error times 20 is an estimate of your quantization noisein dB. Example:

Y ou have atable for every 0.5 "index units'. The value at index unit 72.0
15 0.995 and the value at index unit 72.5 is 0.999. The interpolated value

at index 72.25 is 0.997. Suppose the actual function value at that point was
0.998; you would have an error of 0.001 which isarelative error of 0.001002004..
log10(error) is about -2.99913, which times 20 is about -59.98. Thus, that's
your guantization noise at that position in the table. Repeat for each pair of
samplesin the table.

Note: | said "quantization noise" not "aliasing noise". The aliasing noise will,
asfar as| know, only happen when you start up-sampling without band-limiting
and get frequency aliasing (wrap-around), and thus is mostly independent of
what specific interpolation mechanism you're using.
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Millimeter to DB (faders...)

References : Posted by James McCartney

Notes:
These two functions reproduce a traditional professional
mixer fader taper.

MMtoDB converts millimeters of fader travel from the
bottom of the fader for a 100 millimeter fader into
decibels. DBtoMM istheinverse.

The taper is as follows from the top:

The top of the fader is+10 dB

100 mm to 52 mm : -5 dB per 12 mm

52 mmto 16 mm : -10 dB per 12 mm

16 mmto 4 mm: -20 dB per 12 mm

4 mm to O mm : fade to zero. (in these functions | go to -200dB
which is effectively zero for up to 32 bit audio.)

Code:
fl oat MM oDB(fl oat nmm
{
fl oat db;
mm = 100. - mm
if (nm <= 0.) {
db = 10.;
} else if (nm< 48.) {
db = 10. - 5./12. * mm
} else if (mm< 84.) {
db = -10. - 10./12. * (nm- 48.);
} else if (nm< 96.) {
db = -40. - 20./12. * (nm- 84.);
} else if (mm< 100.) {
db = -60. - 35. * (nm- 96.);
} else db = -200.;
return db;
}
fl oat DBt oMM fl oat db)
{
fl oat nm
if (db >= 10.) {
mm = 0. ;
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} elseif (db > -10.) {

mm= -12./5. * (db - 10.);
} elseif (db > -40.) {

mm= 48. - 12./10. * (db + 10.);
} elseif (db > -60.) {

mm= 84. - 12./20. * (db + 40.);
} else if (db > -200.) {

mm= 96. - 1./35. * (db + 60.);
} else mm = 100.;
mn = 100. - mm
return nmm
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Moog VCF

Type: 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper.

Notes:
Digital approximation of Moog V CF. Fairly easy to calculate coefficients, fairly easy to process
algorithm, good sound.

Code:
[/1nit

cutoff = cutoff freq in Hz
fs = sanpling frequency //(e.g. 44100Hz)
res = resonance [0 - 1] //(m ni mum - maxi mumnm

f =2 * cutoff / fs; //[0 - 1]

k = 3.6*f - 1.6*f*f -1; //(Enpirical tunning)
p = (k+1)*0.5;

scale = e™((1-p)*1. 386249;

r = res*scal e;

y4 = out put;

y1l=y2=y3=y4=0l dx=0l dyl=0l dy2=0l dy3=0;

/1 Loop
/Il--1nverted feed back for corner peaking
X = input - r*y4,;

/| Four cascaded onepole filters (bilinear transform
yl=x*p + oldx*p - k*y1,;
y2=yl1l*p+ol dyl*p - k*y2;
y3=y2*p+ol dy2*p - k*y3;
y4=y3*p+ol dy3*p - k*y4;

/1 Clipper band limted signoid
y4 = y4 - (y4"3)/6;

ol dx = x;

oldyl = y1;
oldy2 = y2
ol dy3 = y3
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Moog VCF, variation 1

Type: 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper., Paul Kellett version

Notes:

The second "q =" line previously used exp() - I'm not sure if what I've done is any faster, but
this line needs playing with anyway asit controls which frequencies will self-oscillate. |
think it could be tweaked to sound better than it currently does.

Highpass / Bandpass :

They are only 6dB/oct, but still seem musically useful - the 'fruity’ sound of the 24dB/oct
lowpassis retained.

Code:

/1 Moog 24 dB/oct resonant | owpass VCF

/'l References: CSound source code, Stilson/Smth CCRVA paper
/1 Modified by paul.kellett@maxi mabel.co.uk July 2000

float f, p, q; [Ifilter coefficients
float b0, bl, b2, b3, b4; //filter buffers (beware denornmnal s!)
float t1, t2; [/tenporary buffers

/1 Set coefficients given frequency & resonance [0.0...1.0]

1.0f - frequency;
frequency + 0.8f * frequency * (;
p+p - 1.0f;

q
p
f
q resonance * (1.0f + 0.5f * g * (1.0f - g + 5.6f * g * Q));

/1 Filter (in [-1.0...+1.0])

in-=4q * b4; /'] f eedback
tl =Dbl; bl =(in+ b0 * p- bl * f,;
t2 = b2;, b2 =(bl +tl) *p- b2 *f;
tl =b3; b3 =(b2 +t2) * p- b3 * f;

b4 = (b3 +tl) * p - b4 * f;
b4 = b4 - b4 * b4 * b4 * 0. 166667f; [1clipping
bO = in;

/1 Lowpass output: b4
/'l H ghpass output: in - b4,
/1 Bandpass output: 3.0f * (b3 - b4);
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Moog VCF, variation 2

Type: 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper., Timo Tossavainen (?)
version

Notes:
in[x] and out[x] are member variables, init to 0.0 the controls:

fc = cutoff, nearly linear [0,1] -> [0, f92]
res = resonance [0, 4] -> [no resonance, self-oscillation]

Code:
Tdoubl e MbogVCF: : run(doubl e i nput, double fc, double res)
{

double f = fc * 1.16

double fb =res * (1.0 - 0.15 * f * f);

i nput -= out4 * fb;

i nput *= 0.35013 * (f*f)*(f*f);

outl =input + 0.3 * inl + (1 - f) * outl; // Pole 1
inl = input;
out2 = outl + 0.3 * in2 + (1 - f) * out2; // Pole 2
in2 = outl;
out3 = out2 + 0.3 * in3 + (1- f) * out3; // Pole 3
in3 = out?2;
out4 = out3 + 0.3 * ind + (1 - f) * outd4; // Pole 4
in4d = out3;
return outé4;

http://www.musicdsp.org/showone.php?id=26 [11/10/2002 12:53:06 AM]



Noise Shaping Class

Noise Shaping Class

Type: Dithering with 9th order noise shaping
References : Posted by cshei[AT]indiana.edu
Linked file : NS9dither16.h (this linked file isincluded below)

Notes:

Thisis an implemetation of a 9th order noise shaping & dithering class, that runs quite fast (it has one function that uses Intel
x86 assembly, but you can replace it with a different rounding function if you are running on a non-Intel platform).

_aligned malloc and _aligned free require the M SV C++ Processor Pack, available from www.microsoft.com. Y ou can replace
them with "new" and "delete," but alocating aligned memory seemsto make it run faster. Also, you can replace ZeroMemory
with amemset that sets the memory to 0 if you aren't using Win32.

Input should be floats from -32768 to 32767 (processS will clip at these points for you, but clipping is bad when you are trying
to convert floats to shorts). Note to reviewer - it would probably be better if you put the code in afile such as NSDither.h and
have alink to it - it's rather long.

(see linked file)

Linked files

#pragma once

#i ncl ude <nall oc. h>
#i ncl ude <roundi ng. h>

/1 F-wei ghted

/lstatic const float or3Fc[3]
static const float or9Fc[9] =
1.281f, -0.569f, 0.0847f};

= {1.623f, -0.982f, 0.109f};
{2.412f, -3.370f, 3.937f, -4.174f, 3.353f, -2.205f,

/1 modified-E weighted
/lstatic const float or2Mec[ 2]
//static const float or3Mec[ 3] {1.652f, -1.049f, 0.1382f};

/lstatic const float or9Mec[ 9] {1.662f, -1.263f, 0.4827f, -0.2913f, 0.1268f,

= {1.537f, -0.8367f};
0.1124f, 0.03252f, -0.01265f, -0.03524f};

/1 inproved-E wei ght ed
/lstatic const float or5lEc[5]
/lstatic const float or9l Ec[9]
3.263f, -1.632f, 0.4191f};

{2.033f, -2.165f, 1.959f, -1.590f, 0.6149f};
{2.847f, -4.685f, 6.214f, -7.184f, 6.639f, -5.032f,

/1 Sinple 2nd order
//static const float or2Sc[2] = {1.0f, -0.5f};

/1 Much faster than Cs % operator (anyway, X will never be > 2*n in this case so
this is very sinple and fast)
/! Tell the conpiler to try to inline as nuch as possible, since it nakes it run so
much faster since these functions get called at | east once per sanple
__inline ny_nod(int x, int n)
{

if(x > n) x-=n;

return x;

}

_inline int round(float f)
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{
int r;
_asm{
fld f
fistpr
}
return r;
}
__inline short Itos(long I)
{
return (short)((l==(short)l) 2?2 I : (1>>31)"OxX7FFF);
}
__inline float frand()
{

/'l Linear Congruential Method - got it fromthe book "Al gorithms," by Robert
Sedgew ck
static unsigned | ong a = OxDEADBEEF;

a = a * 140359821 + 1,
return a * (1.0f / OxFFFFFFFF);

}
cl ass NS9dit her 16
{
publi c:
NS9di t her 16() ;
~NS9di t her 16() ;
short processS(float sanp);
i nt processl (float sanp);
void reset();
private:
i nt order;
i nt Hi stPos;
float* c; /] Coeffs
float* EH, /1 Error History
1
__inline NS9dither16::NS9dither16()
{

order = 9;

//c=new float[order]; // if you don't have _aligned_mall oc
¢ = (float*)_aligned_nall oc(order*sizeof (float), 16);
CopyMenory(c, or9Fc, order*sizeof (float));

/1 EH = new fl oat[2*order]; /1 if you don't have _aligned _malloc
EH = (float*) _aligned_nall oc(2*order*sizeof(float), 16);
ZeroMenory( EH, 2*order*sizeof (float));

/] Start at top of error history - you can nmake it start anywhere fromO-8 if
you really want to
H st Pos=8;
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}

__inline NS9dither16::~NS9dither16()
{
/1if(c) delete [] c; /1l if you don't have _aligned_free
/lif(EH) delete [] EH, // if you don't have _aligned free
if(c) _aligned_free(c); // don't really need "if," since it is OKto free
null pointer, but still...
if(EH) _aligned_free(EH);
}

__inline void NS9dither16::reset()
{
ZeroMenory( EH, 2*order*sizeof (float));
/1l Start at top of error history - you can make it start anywhere fromO0-8 if
you really want to
H st Pos=8;
}

/1l Force inline because VC++. NET doesn't inline for sone reason (VC++ 6 does)
__forceinline short NS9dither16::processS(float sanp)

{
i nt output;
[*for(int x=0; x<order; x++)
{
/[lsanmp -= c[x] * EH (H stPos+x) % order];
sanmp -= c[x] * EH H st Pos+x];
}el
/1 Unrolled |loop for faster execution
[*sanp -= c[O]*EH H stPos] + c[1]*EH Hi st Pos+1] + c[2] *EH] Hi st Pos+2] +
c[ 3] *EH Hi st Pos+3] + c[4] *EH H st Pos+4] + c[5] *EH Hi st Pos+5]
+

c[ 6] *EH Hi st Pos+6] + c[7] *EH H st Pos+7] +
c[ 8] *EH[ Hi st Pos+8] ; */
/1 This arrangenent seens to execute 3 clock cycles faster on a P-111
sanp -= c[8]*EH Hi st Pos+8] + c[ 7] *EH Hi st Pos+7] + c[6] *EH H st Pos+6] +
c[ 5] *EH[ Hi st Pos+5] + c[4] *EH H st Pos+4] + c[ 3] *EH Hi st Pos+3]

+
c[ 2] *EH[ Hi st Pos+1] + c[1] *EH Hi st Pos+1] + c[0] *EH Hi st Pos];
output = round(sanp + (frand() + frand() - 1));
/I H stPos =(Hi stPos+8) % order; // The % operator is really slow
H st Pos = ny_nod((Hi st Pos+8), order);
/1 Update buffer (both copies)
EH Hi st Pos+9] = EH[ Hi st Pos] = output - sanp;
return | tos(output);
}
__forceinline int NS9dither16:: processl (float sanp)
{

i nt output;

[*for(int x=0; x<order; x++)
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/lsanmp -= c[x] * EH (H stPos+x) % order];
sanmp -= c¢[x] * EH Hi st Pos+x];
pl
/1 Unrolled |oop for faster execution
/*sanp -= c[O0] *EH[ Hi st Pos] + c[1] *EH Hi st Pos+1] + c[2]*EH H st Pos+2] +
c[ 3] *EH Hi st Pos+3] + c[4] *EH H st Pos+4] + c[5]*EH H st Pos+5]
+
c[ 6] *EH Hi st Pos+6] + c[7]*EH Hi stPos+7] +
c[ 8] *EH[ H st Pos+8] ; */
/1 This arrangenent seens to execute 3 clock cycles faster on a P-111I
sanmp -= c[ 8] *EH H st Pos+8] + c[7]*EH Hi st Pos+7] + c[6] *EH H st Pos+6] +
c[ 5] *EH Hi st Pos+5] + c[4] *EH H st Pos+4] + c[3]*EH H st Pos+3]

c[2] *EH Hi st Pos+1] + c[1] *EH Hi st Pos+1] + c[ 0] *EH[ Hi st Pos];
output = round(sanmp + (frand() + frand() - 1));

/1 Hi st Pos =(Hi stPos+8) % order; // The % operator is really slow
Hi st Pos = ny_nod((H stPos+8), order);

/! Update buffer (both copies)

EH[ Hi st Pos+9] = EH H st Pos] = output - sanp;

return output;
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Type: 2 poles2 zeros IR
References : Posted by Olli Niemitalo

Notes:

Creates a muted spot in the spectrum with adjustable steepness. A complex conjugate pair of
zeros on the z- plane unit circle and neutralizing poles approaching at the same angles from
inside the unit circle.

Code:
Par anet ers:

0 =< freq =< sanplerate/2
0 =< g < 1 (The higher, the narrower)

Al goAl go=doubl e pi = 3. 141592654,
double sqrt2 = sqrt(2.0);

double freq = 2050; // Change! (zero & pol e angle)
double g = 0. 4; /'l Change! (pole magnitude)

doubl e z1x = cos(2*pi *freq/ sanpl erate);

double al0a2 = (1-q)*(1-q)/(2*(fabs(z1lx)+1)) + q;
double al = -2*zlx*a0a2;

double bl = -2*z1x*q;

double b2 = g*q;

doubl e reg0, regl, reg2

unsi gned int streanofs;
regl = O;
reg2 = 0;

[* Main | oop */
for (streanofs = 0; streanpfs < streansize; streanpfs++)
{
reg0 = a0a2 * ((double)fronstreanstreanofs]
+ fronstreani streanofs+2])
+ al * fronstreanistreanof s+1]

- bl * regl
- b2 * reg2;
reg2 = regl;
regl = regO;

int tenp = rego;

[* Check clipping */
if (temp > 32767) {
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tenp = 32767;
} else if (tenp < -32768) tenp = -32768;

/* Store new val ue */
tostrean| streanofs] = tenp;
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One pole LP and HP

References : Posted by Bram

Code:

LP

recursion: tnp (1-p)*in + p*tnp with output = tnp
coefficient: p (2-cos(x)) - sqgrt((2-cos(x))"2 - 1) with X
2*pi *cut of f/ sanpl erate

coeficient approximation: p = (1 - 2*cutoff/sanplerate)”"2

HP:

recursion: tnp (p-1)*in - p*tnp with output = tnp
coefficient: p (2+cos(x)) - sqgrt((2+cos(x))"2 - 1) with x
2*pi *cut of f/ sanpl erat e

coeficient approximation: p = (2*cutoff/sanplerate)”2
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One pole, one zero LP/HP

References : Posted by mistertf AT]inwind[DOT]it
Code:
void SetLPF(float fCut, float fSanpling)

{
float w= 2.0 * fSanpling;

fl oat Norm

fCut *= 2.0F * PI;
Norm= 1.0/ (fCut + w;

bl = (w- fCut) * Norm
a0 = al = fCut * Norm
}
void Set HPF(fl oat fCut, float fSanpling)
{
float w= 2.0 * fSanpling;
fl oat Norm
fCut *= 2.0F * PI;
Norm= 1.0/ (fCut + w;
a0 = w* Norm
al = -a0;
bl = (w- fCut) * Norm
}
\Wer e
out[n] = in[n]*a0 + in[n-1]*al + out[n-1]*b1l;
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One zero, LP/HP

References : Posted by Bram

Notes:
LPisonly 'valid for cutoffs > samplerate/4
HPisonly 'valid for cutoffs < samplerate/4

Code:
theta = cutoff*2*pi / sanplerate

LP:
H(z) = (1+p*z~(-1)) / (1+p)

out[i] = 1/(1+p) * in[i] + p/(1+p) * in[i-1];
p = (1-2*cos(theta)) - sqgrt((1-2*cos(theta))”2 -

Pi/2 < theta < Pi

HP:
H(z) = (1-p*z~(-1)) / (1+p)

out[i] = 1/(1+p) * in[i] - p/(1+p) * in[i-1];
p = (1+2*cos(theta)) - sqgrt((1+2*cos(theta))”2 -

0O <theta < Pi /2
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Parallel combs delay calculation

References : Posted by Juhana Sadeharju ( kouhig] AT]nic[DOT]funet[ DOT]fi )

Notes:
This formula can be found from a patent related to parallel combs structure. The formula places

the first echoes coming out of parallel combs to uniformly distributed sequence. If T_,...,T_n
arethe delay linesin increasing order, the formula can be derived by setting T_(k-1)/T_k =
Constant and T_n/(2*T_1) = Constant, where 2*T_1 isthe echo coming just after theecho T_n.
| figured this out myself asit isnot told in the patent. The formulais not the best which one can
come up. | use a search method to find echo sequences which are uniform enough for long
enough time. The formulais uniform for a short time only.

The formula doesn't work good for series allpass and FDN structures, for which asimilar
formula can be derived with the same idea. The search method works for these structures as

well.
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Phase modulation Vs. Frequency modulation

References : Posted by Bram
Linked file : SimpleOscillator.h (this linked fileisincluded below)

Notes:

This code shows what the difference is betwee FM and PM.
The codeis NOT optimised, nor should it be used like this.
Itisan <b>EXAMPLE</b>

See linked file.

Linked files

FEEEEEEEEE bbb irrirrirr

11

/1l this code was NEVER MEANT TO BE USED.

I

/1 use as EXPLANATI ON ONLY for the difference between

/1 Phase Mdul ati on and Frequency Mbdul ati on.

/1 there are MANY ways to speed this code up.

/1

/1l bram@rusi cdsp.org | bram@martel ectroni x.com

I

/'l ps:

/1 we use the 'previous' value of the phase in all the algo's to nake sure that
/1l the first call to the getSanpleXX() function returns the wave at phase 'zero'
11

FEEEEEEEEE i rrirrirr

#i ncl ude "nmath. h";
#define Pi 3.141592f

class Sinpl eGscillator

{
Si mpl eCsci |l | ator(const float sanpleRate = 44100.f, const |ong tableSize =
4096)
{
thi s->tabl eSi ze = tabl eSi ze;
thi s->sanpl eRate = sanpl eRate
phase = 0.f;
makeTabl e() ;
}
~Si npl eCsci |l l ator ()
{
delete [] table;
}
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/! normal oscillator, no nodul ati on

éfoat gener at eSanpl e(const fl oat frequency)

{ fl oat | ookupPhase = phase;
phase += frequency * (float)tableSize / sanpl eRate;
wr ap( phase) ;
return | ookup(l ookupPhase);

}

/'l frequency nodul ation

[l the fminput should be in HZ

/11

/'l exanpl e:

/1 oscl. get Sanpl eFM 440.f, osc2.get Sanpl e(0.5f) * 5.f )

/1 would give a signal where the frequency of the signal is
/'l rnodul at ed between 435hz and 445hz at a 0.5hz rate

/1
fl oat generateSanpl eFM const float frequency, const float fm
{
fl oat | ookupPhase = phase;
phase += (frequency + fm * (float)tableSize / sanpl eRate;
wr ap( phase) ;
return | ookup(l ookupPhase);
}
/'l phase nodul ation
/1
/'l a phase nod value of 1.f will increase the "phase" of the wave by a ful
cycle
/1l i.e. calling getSanplePM440.f,1.f) will result in the "same" wave as
get Sanpl ePM 440.f, 0.f)
11
fl oat generateSanpl ePM const float frequency, const float pm
{
fl oat | ookupPhase = phase + (float)tabl eSize * pm
wr ap(| ookupPhase)
phase += frequency * (float)tableSize / sanpl eRate;
wr ap( phase) ;
return | ookup(l ookupPhase);
}

/1l do the l|ookup in the table

/1 you could use different nmethods here

/1l like I'inear interpollation or higher order..
/'l see nusicdsp.org
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/1
float | ookup(const float phase)
{
return tabl e[ (I ong) phase];
}
/!l wap around
/1
void wap(float & n)
{
while(in < 0.f)
in += (float)tabl eSi ze;
while(in >= (float)tabl eSi ze)
in -= (float)tabl eSi ze;
return in;
}
/'l set the sanple rate
/1
voi d set Sanpl eRat e(const fl oat sanpl eRate)
{
t hi s->sanpl eRate = sanpl eRate
}

/'l sets the phase of the oscillator
/'l phase should probably be in 0..Pi*2

[/

voi d set Phase(const float phase)

{
thi s->phase = phase / (2.f * Pi) * (float)tableSize;
wr ap( phase);

}

private:

fl oat sanpl eRat e;
fl oat phase;

fl oat *tabl e;
| ong tabl eSi ze;

voi d makeTabl e()

{
table = new fl oat[tabl eSi ze];
for(long i=0;i<tabl eSize;i++)
{
float x = Pi * 2.f * (float)i / (float)tableSize;
table[i] = (float)sin(x);
}
}
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Phaser code

References : Posted by Ross Bencina
Linked file : phaser.cpp (thislinked file isincluded below)

Notes:
(seelinked file)

Linked files

/*

Date: ©Mn, 24 Aug 1998 07:02:40 -0700
Repl y- To: rmusi c-dsp

Originator: mnusic-dsp@hoko. cal arts. edu
Sender: musi c-dsp

Precedence: bul k

From "Ross Bencina" <rbenci na@otnmail.conp
To: Miultiple recipients of |ist <nusic-dsp>
Subj ect: Re: Phaser revisited [code included]
X-Comment: Music Hackers Unite! http://shoko.cal arts. edu/ ~gl nrboy/ nusi cdsp/ nusi c-
dsp. htm

Status: RO

H again,

Thanks to Chris Towsend and Marc Lindahl for their hel pful
contributions. | now have a working phaser and it sounds great! It seens
ny main error was using a 'sub-sanpled all-pass reverberator instead of
a single sanple all-pass filter [what was | thinking? :)].

I have included a working prototype (C++) bel ow for anyone who is
interested. My only remaining doubt is whether the conversion from
frequency to delay tine [ _dmin =fMn/ (SR 2.f); ] nakes any sense
what - so- ever

Ross B.

*/

/*
cl ass: Phaser
i mpl emrent ed by: Ross Bencina <rossb@agi.conmp
date: 24/8/98

Phaser is a six stage phase shifter, intended to reproduce the
sound of a traditional anal ogue phaser effect.

This inplementation uses six first order all-pass filters in
series, with delay tinme nodul ated by a sinusoi dal .

This inplenmentation was created to be clear, not efficient.
Obvi ous nodifications include using a table | ookup for the Ifo,
not updating the filter delay tines every sanple, and not
tuning all of the filters to the sane delay tine.

Thanks t o:

http://www.musicdsp.org/showone.php?id=78 (1 of 3) [11/10/2002 12:53:09 AM]


http://www.musicdsp.org/files/phaser.cpp

Phaser code

The nice folks on the nusic-dsp mailing list, including..
Chris Towsend and Marc Lindah

...and Scott Lehman's Phase Shifting page at harnony central:
htt p://ww. harnony-central . com Ef fects/ Articl es/ Phase_Shifting/

*/

#define SR (44100.f) //sanple rate
#define F_PlI (3.14159f)

cl ass Phaser{
publi c:
Phaser() //initialise to sone usefull defaults...
_fb( .7f )
, _|IfoPhase( 0.f )
, _depth( 1.f )
, _zml( 0.f )

Range( 440.f, 1600.f );
Rate( .5f );
}

void Range( float fMn, float fMax ){ // Hz
_dmn =fMn/ (SR 2.f);
_dmax = fMax / (SR 2.1);

}

void Rate( float rate ){ // cps
Ifolnc = 2.f * F Pl * (rate / SR

}

voi d Feedback( float fb ){ // 0 -> <1.
_fb = fb;

}

void Depth( float depth ){ // 0 ->1
_depth = depth;
}

float Update( float inSanmp )({

/ /I cal cul ate and update phaser sweep |fo..

float d = dmn + (_dmax-_dmin) * ((sin( _|foPhase ) +
1.f)/2.1);

_|I foPhase += _|folnc;

if( _IfoPhase >= F Pl * 2.f )

| foPhase -= F PI * 2.f,;

[lupdate filter coeffs
for( int i=0; i<6; i++)

_alps[i].Delay( d );

/'l cal cul at e out put
float y = _al ps[ 0] . Updat e(
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_al ps[ 1] . Updat e(
_al ps[ 2] . Updat ¢(
_al ps[ 3] . Updat e(
_al ps[ 4] . Updat e(
_al ps[5].Update( inSanp + znl * fb ))))));

_zml =y,
return inSanp + y * _depth;
}
private:
cl ass Al | passDel ay{
public:
Al | passDel ay()
_al( 0.f )
, _zml( O0.f )
{}
void Delay( float delay ){ //sanple delay tine
_al = (1.f - delay) / (1.f + delay);
}
float Update( float inSanp ){
float y = inSanp * -_al + _zmi;
_zml =y * _al + inSanp;
return vy;
}
privat e:
float _al, _zmi;
i

Al | passDel ay _al ps| 6] ;

float _dm n, _dmax; //range
float fb; //feedback

float _IfoPhase;

float _Ifolnc;

fl oat _depth;

float _zni;
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Pink noise filter

References : Posted by Paul Kellett
Linked file : pink.txt (this linked file is included below)

Notes:
(seelinked file)

Linked files

Filter to make pink noise fromwhite (updated March 2000)

This is an approximation to a -10dB/ decade filter using a weighted sum
of first order filters. It is accurate to within +/-0.05dB above 9. 2Hz
(44100Hz sanpling rate). Unity gain is at Nyquist, but can be adjusted
by scaling the nunbers at the end of each I|ine.

| f "white' consists of uniformrandom nunbers, such as those generated
by the rand() function, 'pink' will have an al nost gaussian | evel
di stribution.

bO = 0.99886 * b0 + white * 0.0555179;
bl = 0.99332 * bl + white * 0.0750759;
b2 = 0.96900 * b2 + white * 0.1538520;
b3 = 0.86650 * b3 + white * 0.3104856;
b4 = 0.55000 * b4 + white * 0.5329522;
b5 = -0.7616 * b5 - white * 0.0168980;
pink = b0 + bl + b2 + b3 + b4 + b5 + b6 + white * 0.5362;

b6 = white * 0.115926;

An 'econony' version with accuracy of +/-0.5dB is al so avail abl e.

bO = 0.99765 * b0 + white * 0.0990460;
bl = 0.96300 * bl + white * 0.2965164;
b2 = 0.57000 * b2 + white * 1.0526913;
pink = b0 + bl + b2 + white * 0.1848;

paul . kel | ett @uaxi m abel . co. uk
http://ww. abel . co. uk/ ~maxi nf
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Polyphase Filters

Type: polyphase filters, used for up and down-sampling
References : C++ source code by Dave from Muon Software
Linked file : BandLimit.cpp (this linked file is included below)

Linked file : BandLimit.h (thislinked fileis included below)

Linked files

CAl | PassFilter:: CAl | PassFil ter(const double coefficient)

{

a=coefficient;

x0=0. 0;
x1=0. 0;
x2=0. 0;
y0=0. 0;
y1=0. O;
y2=0. 0;

s

CAl | PassFilter::~CAl | PassFilter()

{
i

doubl e CAl | PassFilter::process(const double input)

{
[/shuffle inputs

X2=x1;
x1=x0;
x0=i nput ;

/I shuffle outputs
y2=y1,;
y1l=yO0;

/lallpass filter 1
const doubl e out put =x2+( (i nput-y2)*a);

yO=out put ;

return output;

CAl | PassFi |l terCascade: : CAl | PassFi |l t er Cascade(const doubl e* coefficient, const int N)

{

al | passfilter=new CAl | PassFilter*[N];

for (int i=0;i<N;i++)

{
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al | passfilter[i]=new CAl| PassFilter(coefficient[i]);

}
nunfilters=N
1
CAl | PassFi |l terCascade: : ~CAl | PassFi | t er Cascade()
{
delete[] allpassfilter
b
doubl e CAl | PassFi |l t er Cascade: : process(const doubl e input)
{
doubl e out put =i nput ;
int i=0;
do
{
out put =al | passfilter[i]->process(output);
i ++;
} while (i<nunfilters);
return out put;
3

CHal f BandFilter:: CHal fBandFil ter(const int order, const bool steep)
{
if (steep==true)
{
if (order==12) //rejection=104dB, transition band=0.01
{
doubl e a_coefficients[6]=
{0.036681502163648017
. 2746317593794541
. 56109896978791948
. 769741833862266
. 8922608180038789
. 962094548378084

1

doubl e b_coefficients[6]=
{0.13654762463195771
.42313861743656667

. 6775400499741616

. 839889624849638

0
0
, 0.9315419599631839
0.9878163707328971

[oNeleNolNe]

o

filter_a=new CAl | PassFilter Cascade(a_coefficients, 6);
filter_b=new CAl | PassFilterCascade(b_coefficients, 6);
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else if

}

else if

{

}

else if

{

(order==10) //rejection=86dB, transition band=0.01

doubl e a_coefficients[5]=
{0.051457617441190984

, 0. 35978656070567017

, 0.6725475931034693

, 0.8590884928249939

, 0.9540209867860787

}

doubl e b_coefficients[5]=
{0.18621906251989334

, 0.529951372847964

, 0.7810257527489514
,0.9141815687605308

, 0.985475023014907

}

filter_a=new CAl | PassFi |t er Cascade(a_coefficients,5);
filter_b=new CAl | PassFilterCascade(b_coefficients,5);

(or der==8) //rejection=69dB, transition band=0.01

doubl e a_coefficients[4]=
{0.07711507983241622
, 0.4820706250610472
, 0.7968204713315797
, 0.9412514277740471

}

doubl e b_coefficients[4]=
{0.2659685265210946
, 0.6651041532634957
, 0.8841015085506159
, 0.9820054141886075

}

filter_a=new CAl | PassFilterCascade(a_coefficients,4);
filter_b=new CAl | PassFilterCascade(b_coefficients,4);

(or der ==6) //rejection=51dB, transition band=0.01

doubl e a_coefficients[3]=
{0.1271414136264853
, 0.6528245886369117
,0.9176942834328115

}

doubl e b_coefficients[3]=

{0.40056789819445626

, 0.8204163891923343
0.9763114515836773

)
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filter_a=new CAl | PassFilterCascade(a_coefficients, 3);
filter _b=new CAl | PassFilterCascade(b_coefficients, 3);

}
else if (order==4) //rejection=53dB,transition band=0. 05

{
doubl e a_coefficients[2]=
{0.12073211751675449

, 0.6632020224193995

}

doubl e b_coefficients[2] =
{0.3903621872345006
, 0.890786832653497

b

filter_a=new CAl | PassFilterCascade(a_coefficients,2);
filter _b=new CAl | PassFilterCascade(b_coefficients,2);

el se //order=2, rejection=36dB, transition band=0.1

doubl e a_coefficients=0.23647102099689224;
doubl e b_coefficients=0.7145421497126001

filter_a=new CAl | PassFilterCascade(&a_coefficients,1);
filter_b=new CAl | PassFilterCascade(&b_coefficients,1);

}

el se //softer slopes, nore attenuation and | ess stopband ripple

if (order==12) //rejection=150dB, transition band=0. 05
{
doubl e a_coefficients[6]=
{0.01677466677723562
.13902148819717805
.3325011117394731
. 53766105314488
. 7214184024215805
. 8821858402078155

1

doubl e b_coefficients[6]=
{0.06501319274445962

. 23094129990840923

. 4364942348420355

. 06329609551399348

0
0
,0.80378086794111226
0. 9599687404800694

[oNeoloelNolNe]

o

filter_a=new CAl | PassFilterCascade(a_coefficients,6);
filter_b=new CAl | PassFilterCascade(b_coefficients, 6);

}
else if (order==10) //rejection=133dB, transition band=0. 05

{
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}

else if

{

}

else if

{

doubl e a_coefficients[5]=
{0.02366831419883467

, 0.18989476227180174
,0.43157318062118555

, 0.6632020224193995

, 0. 860015542499582

}

doubl e b_coefficients[5]=
{0.09056555904993387
, 0.3078575723749043
, 0.5516782402507934
,0.7652146863779808
, 0.95247728378667541

b

filter_a=new CAl | PassFilterCascade(a_coefficients,5);
filter _b=new CAl | PassFilterCascade(b _coefficients,5);

(order==8)

doubl e a_coefficients[4]=
{0.03583278843106211

, 0.2720401433964576

, 0.5720571972357003

, 0.827124761997324

b

doubl e b_coefficients[4] =
{0.1340901419430669
,0.4243248712718685
,0.7062921421386394
, 0.9415030941737551

}

//rejecti on=106dB

transiti on band=0. 05

filter_a=new CAl | PassFilterCascade(a_coefficients,4);
filter_b=new CAl | PassFilterCascade(b_coefficients,4);

(or der ==6)

doubl e a_coefficients[3]=
{0.06029739095712437
, 0.4125907203610563
,0.7727156537429234

}

doubl e b_coefficients[3]=
{0.21597144456092948
, 0.6043586264658363
, 0.9238861386532906

}

/1rejection=80dB,

transiti on band=0. 05

filter_a=new CAl | PassFilterCascade(a_coefficients, 3);
filter_b=new CAl | PassFilterCascade(b_coefficients, 3);
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else if (order==4) //rejection=70dB, transition band=0.1
{

doubl e a_coefficients[2] =

{0.07986642623635751
, 0.5453536510711322

}

doubl e b_coefficients[2] =
{0.28382934487410993
, 0.8344118914807379

}

filter_a=new CAl | PassFilterCascade(a_coefficients,2);
filter_b=new CAl | PassFilterCascade(b_coefficients, 2);

}
el se /'l order=2, rejection=36dB, transition band=0.1
{
doubl e a_coefficients=0.23647102099689224;
doubl e b_coefficients=0.7145421497126001
filter _a=new CAl | PassFilterCascade(&a coefficients,1);
filter_b=new CAl | PassFilterCascade(&b_coefficients,1);
}
}
ol dout =0. 0;
3
CHal f BandFi | ter:: ~CHal f BandFi | ter ()
{
delete filter_a
delete filter_b;
1
doubl e CHal f BandFilter:: process(const double input)
{
const doubl e output=(filter_a->process(i nput)+ol dout)*0. 5;
ol dout=filter_b->process(input);
return out put;
}

class CAl | PassFilter

{

public:
CAl | PassFil ter(const double coefficient);
~CAl | PassFilter();
doubl e process(doubl e input);

private:
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doubl e a;
doubl e x0
doubl e x1;
doubl e x2
doubl e yO
doubl e y1;
doubl e y2;
1
cl ass CAl | PassFilterCascade
{
public:
CAl | PassFi | t er Cascade(const doubl e* coefficients, int N);
~CAl | PassFi | t er Cascade();
doubl e process(doubl e input);
private:
CAl | PassFilter** all passfilter;
int nunfilters;
1
cl ass CHal f BandFi |l t er
{
public:
CHal f BandFilter(const int order, const bool steep);
~CHal f BandFi l ter();
doubl e process(const double input);
private:
CAl | PassFilterCascade* filter_a;
CAl | PassFi |l t er Cascade* filter_b;
doubl e ol dout ;
3
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pow(x,4) approximation

References : Posted by Stefan Stenzel

Notes:
Very hacked, but it gives arough estimate of x**4 by modifying exponent and mantissa.

Code:
float p4fast(float in)
{
long *Ip,|;
I'p=(long *) (& n);
=*| p;
| - =0x3F800000! ; /* un-bias */
| <<=2; [* **4 *]
| +=0x3F800000! ; /* bias */
*| p=l;
[* compiler will read this fromnenory since & operator had been used */
return in;
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Prewarping

Type: explanation
References : Posted by robert bristow-johnson (better known as "rbj" )

Notes:

prewarping is simply recognizing the warping that the BLT introduces.

to determine frequency response, we evaluate the digital H(z) at
z=exp(j*w*T) and we evaluate the analog Ha(s) at s=j* W . the following
will confirm the jw to unit circle mapping and will show exactly what the
mapping is (thisis the same stuff in the textbooks):

the BLT says: s=(2/T) * (z-1)/(z+1)

substituting: s=j*W = (2/T) * (exp(j*w*T) - 1) / (exp(j*w*T) + 1)

J*W = (2/T) * (exp(j*w* T/2) - exp(-j*w*T/2)) / (exp(j*w* T/2) + exp(-j*w* T/2))
= (2/T) * (j*2*sin(w*T/2)) / (2* cos(w* T/2))

=j* (2T) * tan(w*T/2)

or

analog W = (2/T) * tan(w*T/2)

so when the real input frequency isw, the digital filter will behave with
the same amplitude gain and phase shift as the analog filter will have at a
hypothetical frequency of W. asw* T approaches pi (Nyquist) the digital
filter behaves as the analog filter doesas W -> inf. for each degree of
freedom that you have in your design equations, you can adjust the analog
design frequency to be just right so that when the deterministic BLT
warping does its thing, the resultant warped frequency comes out just
right. for asimple LPF, you have only one degree of freedom, the cutoff
frequency. you can precompensate it so that the true cutoff comes out
right but that isit, above the cutoff, you will see that the LPF dives

down to -inf dB faster than an equivalent analog at the same frequencies.
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Pseudo-Random generator

Type: Linear Congruential, 32bit
References: Hal Chamberlain, "Musical Applications of Microprocessors' (Posted by Phil
Burk)

Notes:

This can be used to generate random numeric sequences or to synthesise awhite noise audio
signal.

If you only use some of the bits, use the most significant bits by shifting right.

Do not just mask off the low bits.

Code:
/* Cal cul ate pseudo-random 32 bit nunber based on |inear congruenti al

met hod. */
unsi gned | ong CGener at eRandomNunber ( void )

{
/* Change this for different random sequences. */
static unsigned | ong randSeed = 22222;
randSeed = (randSeed * 196314165) + 907633515;
return randSeed;

}
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Pulsewidth modulation

Type : waveform generation
References: Steffan Diedrichsen

Notes:
Take an upramping sawtooth and its inverse, a downramping sawtooth. Adding these two

waves with awell defined delay between 0 and period (1/f)
results in a square wave with a duty cycle ranging from 0 to 100%.
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RBJ-Audio-EQ-Cookbook

Type: Biquadsfor al puposes!

References : Robert Bristow-Johnson (a.k.a. RBJ)

Linked file : http://www.harmony-central.com/Computer/Programming/Audio-EQ-
Cookbook.txt

Linked file : http://www.harmony-central.com/Effects/ArticlessEQ Coefficients EQ-

Coefficients.pdf

Notes:

(seelinkfile)

A superb collection of filtersused in alot of (commercial) plugins and effects.
There's also avery interesting paper linked about biquad EQ filters.
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Reading the compressed WA! partsin gigasampler files

Reading the compressed WA! parts in gigasampler files

References : Paul Kellett
Linked file : gigxpand.zip

Notes:

(seelinkfile)

Code to read the WA! (compressed .WAYV) parts of GigaSampler .GIG files.
For related info on reading .GIG files see http://www.linuxdj.com/evo
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Resonant filter

Resonant filter

References : Posted by Paul Kellett

Notes:

Thisfilter consists of two first order low-passfiltersin
series, with some of the difference between the two filter
outputs fed back to give aresonant peak.

Y ou can use more filter stages for a stegper cutoff but the
stability criteria get more complicated if the extra stages
are within the feedback loop.

Code:
/I set feedback ampbunt given f and g between 0 and 1

fb=q +9/(2.0 - f);

//for each sample...

bufO = bufO + f * (in - bufO + fb * (bufO - bufl));
bufl = bufl + f * (bufO - bufl);
out = buf1;
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Resonant IIR lowpass (12dB/oct)

Type: Resonant IR lowpass (12dB/oct)
References : Posted by Olli Niemitalo

Notes:
Hard to calculate coefficients, easy to process agorithm

Code:
resofreq = pol e frequency

anp = magni tude at pol e frequency (approx)
doubl e pi = 3.141592654;

[* Paraneters. Change these! */
doubl e resofreq = 5000;
double anp = 1.0;

DOUBLEWORD st r eanof s;
double w = 2. 0*pi *resofreq/ sanpl erate; // Pole angle

double g = 1.0-w (2. 0*(anp+0.5/ (1. 0+w))+w2.0); // Pol e magnitude
double r = g*q;
double ¢ = r+1. 0-2. 0*cos(w) *q;

doubl e vi brapos = 0;
doubl e vi braspeed = 0;

[* Main | oop */
for (streanofs = 0; streanpfs < streansize; streanofs++) {

/* Accelerate vibra by signal-vibra, multiplied by | owpasscutoff */
vi braspeed += (fronstreanfstreanofs] - vibrapos) * c;

/* Add velocity to vibra's position */
vi brapos += vi braspeed,;

[* Attenuate/anplify vibra' s velocity by resonance */
vi braspeed *= r;

[* Check clipping */
tenp = vi brapos;
if (temp > 32767) {
tenp = 32767;
} else if (tenp < -32768) tenp = -32768;

/* Store new val ue */
tostrean| streanofs] = tenp;
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Resonant low pass filter

Type: 24dB lowpass
References : Posted by "Zxform"
Linked file: filtersO04.txt (this linked file isincluded below)

Linked files

I file filterlIR0O0.c begin -----------------
/~k

Resonant | ow pass filter source code.

By baltrax@otmil.com (Zxform

*/

#i ncl ude <stdlib. h>
#i ncl ude <stdi o. h>
#i ncl ude <mat h. h>

/**************************************************************************
FILTER C - Source code for filter functions

iir_filter IR filter floats sanple by sanple (real tine)
*************************************************************************/
/* FILTER | NFORMATI ON STRUCTURE FOR FI LTER ROUTI NES */

typedef struct {

unsi gned int |ength; /* size of filter */

float *history; /* pointer to history in filter */

fl oat *coef; /* pointer to coefficients of filter */
} FILTER;

#define FILTER SECTIONS 2 /* 2 filter sections for 24 db/oct filter */

t ypedef struct {

doubl e a0, al, a2; /* nunerator coefficients */
doubl e b0, bl, b2; /* denom nator coefficients */
} Bl QUAD;
Bl QUAD Pr ot oCoef [ FI LTER_SECTI ONS] ; /* Filter prototype coefficients,
1 for each filter section
*/
voi d szxforn
doubl e *a0, double *al, double *a2, /* nunerator coefficients */
doubl e *b0, double *bl, double *b2, /* denom nator coefficients */
doubl e fc, /* Filter cutoff frequency */
doubl e fs, /* sanpling rate */
doubl e *Kk, /* overall gain factor */
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* ok k% ok ok ok ok % % Kk ok ok ok F X Kk ok ok ok * X

*

*/

float *coef); /[* pointer to 4 iir coefficients */

iir _filter - PerformlIIR filtering sanple by sanple on floats

| npl ements cascaded direct formll second order sections.

Requires FILTER structure for history and coefficients.

The length in the filter structure specifies the nunber of sections.
The size of the history array is 2*iir->length.

The size of the coefficient array is 4*iir->length + 1 because

the first coefficient is the overall scale factor for the filter

Ret urns one output sanple for each input sanple. Allocates history
array if not previously allocated.

float iir_filter(float input,FILTER *iir)

float input new fl oat input sanple
FILTER *iir pointer to FILTER structure

Returns float value giving the current output.

Al l ocation errors cause an error nessage and a call to exit.

float iir_filter(input,iir)
float input; /* new input sanple */
FILTER *iir; /* pointer to FILTER structure */

/*

unsigned int i;
float *histl ptr,*hist2 _ptr,*coef _ptr;
fl oat out put, new_hist, historyl, history2;

allocate history array if different size than |last call */

if(liir->history) {
iir->history = (float *) calloc(2*iir->length, sizeof (float));
if(liir->history) {
printf("\nUnable to allocate history array iniir_filter\n");

exit(1);
}
}
coef ptr = iir->coef; /* coefficient pointer */
histl ptr = iir->history; /* first history */
hist2 ptr = histl ptr + 1; /* next history */
/* 1st nunber of coefficients array is overall input scale factor,

* or filter gain */
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out put = input * (*coef _ptr++);
for (i =0 ; i <iir->length; i++)
{
hi storyl = *histl ptr; /[* history val ues */
hi story2 = *hist2 ptr;
out put = output - historyl * (*coef_ptr++);
new_hi st = output - history2 * (*coef_ptr++); [ * poles */
out put new_hi st + historyl * (*coef_ptr++);

out put output + history2 * (*coef _ptr++); [* zeros */

*hist2 ptr++ = *histl ptr;
*histl ptr++ = new_hi st;
hist1l ptr++;
hi st 2_ptr++;

}

return(output);

mai n()

Exanpl e main function to show how to update filter coefficients.
We create a 4th order filter (24 db/oct roloff), consisting
of two second order sections.

* ok k% % X ok ok ok F

i nt main()
{
FILTER iir;
fl oat *coef;
doubl e fs, fc; /* Sanpling frequency, cutoff frequency */
doubl e Q /* Resonance > 1.0 < 1000 */
unsi gned nl nd;
doubl e a0, al, a2, b0, bl, bz
doubl e K; /* overall gain factor */

/~k
* Setup filter s-domain coefficients
*/

/[* Section 1 */
Pr ot 0Coef[ 0] . a0 1.0;
Prot oCoef[ 0] . al ;
Prot oCoef[ 0] . a2
Pr ot 0Coef[ 0] . bO

oo

0;
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Pr ot 0oCoef[ 0] . bl
Pr ot 0Coef[ 0] . b2

0. 765367;
1.0:;

/* Section 2 */
Pr ot oCoef[ 1] . a0 1.0;
Prot oCoef[1].al ;
Prot oCoef[ 1] . a2
Pr ot oCoef[ 1] . b0
Prot oCoef[ 1] . bl
Prot oCoef[ 1] . b2

PR P OO

. 0;
. 8477509;
. 0;

iir.length = FI LTER _SECTI ONS; /* Nunber of filter sections */

/*
* Allocate array of z-domain coefficients for each filter section
* plus filter gain variable

*/
iir.coef = (float *) calloc(4 * iir.length + 1, sizeof(float));
if (liir.coef)
{
printf("Unable to allocate coef array, exiting\n");
exit(1l);
}
k = 1.0; /* Set overall filter gain */
coef = iir.coef + 1; /* Skip k, or gain */
Q=1 /* Resonance */
fc = 5000; /* Filter cutoff (Hz) */
fs = 44100; [* Sanpling frequency (Hz) */
/*

* Conpute z-domain coefficients for each biquad section
* for new Cutoff Frequency and Resonance

*/
for (nind = 0; nind < iir.length; nlnd++)
{
a0 = ProtoCoef[nlnd].a0;
al = ProtoCoef[nlnd].al
a2 = ProtoCoef[nlnd].a2;
b0 = ProtoCoef[nlnd].bO;
bl = ProtoCoef[nind].bl / Q /* Divide by resonance or Q
*/
b2 = ProtoCoef[nlnd].b2;
szxforn( &0, &al, &a2, &b0O, &bl, &b2, fc, fs, &k, coef);
coef += 4, /[* Point to next filter
section */

}

/* Update overall filter gain in coef array */
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iir.coef[0] = k;

/* Display filter coefficients */
for (nind = 0; nind < (iir.length * 4 + 1); nlnd++)
printf("C[%] = %5.10f\n", nind, iir.coef[nInd]);
/*
* To process audi o sanples, call function iir_filter()
* for each audio sanple
*/
return (0);

Reposting bilinear.c just in case the other one was not the | atest version.

R file bilinear.c begin -----------------
/*

K o e e e e e o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e

* bilinear.c

*

* Performbilinear transformati on on s-domain coefficients

* of 2nd order biquad section

* First design an analog filter and use s-donain coefficients

* as input to szxform() to convert themto z-donain.

*

* Here's the butterworth polinomals for 2nd, 4th and 6th order sections.
* When we construct a 24 db/oct filter, we take to 2nd order

* sections and conpute the coefficients separately for each section.
*

* n Pol i nom al s

K o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e

* 2 sh"2 + 1.4142s +1

* 4 (s"2 + 0.765367s + 1) (s™2 + 1.847759s + 1)

* 6 (s"2 + 0.5176387s + 1) (s™2 + 1.414214 + 1) (s™2 + 1.931852s +
1)

*

* Were n is a filter order.

* For n=4, or two second order sections, we have follow ng equasions for
each

* 2nd order stage:

*

* (1 / (s"2 + (1/Q * 0.765367s + 1)) * (1 / (s"2 + (1/Q * 1.847759s +
1))

*

* Were Qis filter quality factor in the range of

*

1 to 1000. The overall filter Qis a product of al
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2nd order stages. For exanple, the 6th order filter
(3 stages, or biquads) with individual Q of 2 wll
have filter Q=2 * 2 * 2 = 8.

The nom nator part is just 1.

The denom nator coefficients for stage 1 of filter are:
b2 = 1; bl = 0.765367; b0 = 1;

nunerator is

a2 = 0, al = 0; a0 = 1;

The denom nator coefficients for stage 1 of filter are:
b2 = 1; bl = 1.847759; b0 = 1;

nunmerator is

a2 = 0; al = 0; a0 = 1;

These coefficients are used directly by the szxforn()
and bilinear() functions. For all stages the nunerator
is the sane and the only thing that is different between
different stages is 1st order coefficient. The rest of
coefficients are the sane for any stage and equal to 1.

Any filter could be constructed using this approach.

Ref er ences:
Van Val kenburg, "Analog Filter Design"
Oxford University Press 1982
| SBN 0-19-510734-9

C Language Algorithnms for Digital Signal Processing
Paul Enbree, Bruce Kinble

Prentice Hall, 1991

| SBN 0-13-133406-9

Digital Filter Designer's Handbook
Wth C++ Al gorithns

Britton Rorabaugh

McGaw H I, 1997

| SBN 0- 07- 053806-9

* ok ok k% ok ok ok k% % ok ok ok F kK ok ok ok F X K ok ok ok * * Kk ok ok ok F ¥ * ok ok ok * X

#i ncl ude <mat h. h>

voi d prewar p(doubl e *a0, double *al, double *a2, double fc, double fs);
voi d bilinear(

doubl e a0, double al, double a2, /* nunerator coefficients */

doubl e b0, double bl, double b2, /* denom nator coefficients */

doubl e *Kk, /* overall gain factor */
doubl e fs, /* sanpling rate */

float *coef); /* pointer to 4 iir coefficients */
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Resonant low pass filter

/*
K o o e o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e
* Pre-warp the coefficients of a nunerator or denoni nator
* Note that a0 is assumed to be 1, so there is no w apping
* of it.
K e o e o o e o e e o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e
*/

voi d prewar p(
doubl e *a0, double *al, double *a2,
doubl e fc, double fs)

{
doubl e wp, pi
pi = 4.0 * atan(1.0);
wp = 2.0* fs * tan(pi * fc / fs);
a2 = (*a2) / (wp * wp);
*al = (*al) / wp;
}
/
bi l'i near ()

Transform t he nunerator and denom nator coefficients
of s-donmai n biquad section into correspondi ng
z-dommi n coefficients.

Store the 4 IR coefficients in array pointed by coef
in follow ng order:

betal, beta2 (denom nat or)

al phal, al pha2 (nunerator)

* ok ok k% Kk ok ok ok % % Kk ok ok ok * X Kk ok ok oF

Argunent s:
a0- a2 - s-domai n nunerator coefficients
b0- b2 - s-domai n denom nator coefficients
k - filter gain factor. initially set to 1
and nodified by each biquad section in such
a way, as to make it the coefficient by
which to multiply the overall filter gain
in order to achieve a desired overall filter
gain,
* specified in initial value of k.
* fs - sanpling rate (Hz)
* coef - array of z-domain coefficients to be filled in.
*
* Return:
*

On return, set coef z-domain coefficients
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Resonant low pass filter

*/
voi d bilinear(
doubl e a0, double al, double a2, /* numerator coefficients */
doubl e b0, double bl, double b2, /* denom nator coefficients */
doubl e *Kk, /* overall gain factor */
doubl e fs, /* sanpling rate */
fl oat *coef [* pointer to 4 iir coefficients */

doubl e ad, bd;

/* al pha (Nunerator in s-donmain) */
4, * a2 * fs * fs + 2. * al * fs + aO;

/* beta (Denom nator in s-donain) */
4, * b2 * fs * fs + 2. * bl* fs + bO;

ad

bd

/* update gain constant for this section */
*k *= ad/ bd;

/* Denom nator */
(2. * b0 - 8. * b2 * fs * fs)
[ bd; /* betal */
(4. * b2 * fs * fs - 2. * bl * fs + b0O)
[ bd; /* beta2 */

*coef ++

*coef ++

/* Nom nator */
(2. * a0 - 8 * a2 * fs * fs)
/ ad; [ * al phal */
*coef = (4. * a2 * fs * fs - 2. * al * fs + a0)
/ ad; /* al pha2 */

*coef ++

~

L S T I . I S I N .

Transformfroms to z domain using bilinear transform
wi th prewarp.

Argunent s:
For argunment description |look at bilinear()

coef - pointer to array of floating point coefficients,
corresponding to output of bilinear transofrm
(z domain).

Not e: frequencies are in Hz.

voi d szxform
doubl e *a0, double *al, double *a2, /* nunerator coefficients */
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Resonant low pass filter

doubl e *b0, double *bl, double *b2, /* denom nator coefficients */

doubl e fc, /* Filter cutoff frequency */
doubl e fs, /* sanpling rate */
doubl e *Kk, /* overall gain factor */
fl oat *coef) /* pointer to 4 iir coefficients */
{
/* Calculate al and a2 and overwite the original values */
prewar p(a0, al, a2, fc, fs);
prewar p( b0, bl, b2, fc, fs);
bilinear(*a0, *al, *a2, *b0, *bl, *b2, k, fs, coef);
}
I T file bilinear.c end -----------------

And here is howit all works.

I T file filter.txt begin -----------------
How to construct a kewl | ow pass resonant filter?

Lets assune we want to create a filter for anal og synth.

The filter rolloff is 24 db/oct, which corresponds to 4th

order filter. Filter of first order is equivalent to RC circuit
and has max rolloff of 6 db/oct.

W will use classical Butterworth IR filter design, as it
exactly corresponds to our requirenents.

A common practice is to chain several 2nd order sections,

or biquads, as they commonly called, in order to achive a higher
order filter. Each 2nd order section is a 2nd order filter, which
has 12 db/oct roloff. So, we need 2 of those sections in series.

To conmpute those sections, we use standard Butterworth polinom als,
or so called s-domain representation and convert it into z-domain,
or digital domain. The reason we need to do this is because

the filter theory exists for analog filters for a long tine

and there exist no theory of working in digital domain directly.

So the common practice is to take standard anal og filter design
and use so called bilinear transformto convert the butterworth
equasi on coefficients into z-donain.

Once we conpute the z-domain coefficients, we can use themin
a very sinple transfer function, such as iir_filter() in our
C source code, in order to performthe filtering function.
The filter itself is the sinpliest thing in the world.

The nost conplicated thing is conputing the coefficients

for z-domain.

X, lets ook at butterworth polynom als, arranged as a series
of 2nd order sections:
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Resonant low pass filter

* Note: nis filter order.

*

* n Pol ynom al s

K e e e e e e e e

* 2 sh"2 + 1.4142s +1

* 4 (s"2 + 0.765367s + 1) * (s”2 + 1.847759s + 1)

* 6 (s"2 + 0.5176387s + 1) * (s™2 + 1.414214 + 1) * (s"2 +
1.931852s + 1)

*

* For n=4 we have follow ng equasion for the filter transfer function

*

* 1 1

S 1 () LU

* s"2 + (1/Q * 0.765367s + 1 s"2 + (1/Q * 1.847759s + 1

*

The filter consists of two 2nd order secions since highest s power is 2.
Now we can take the coefficients, or the nunbers by which s is multiplied
and plug theminto a standard fornula to be used by bilinear transform

Qur standard form for each 2nd order secion is:
a2 * s"2 +al * s + a0
b2 * s"2 + bl * s + b0

Note that butterworth nominator is 1 for all filter sections,
whi ch means s*2 = 0 and s*1 =0

Lets convert standard butterworth polinomals into this form

0+0+1 0O+0+1
__€ ______________________ K e e e e e e e e e e e — m e m m e — =
1+ ((1/Q * 0.765367) + 1 1+ ((1/Q * 1.847759) + 1
Section 1:
a2 = 0; al = 0; a0 = 1;
b2 = 1; bl = 0.5176387; b0 = 1;
Section 2:
a2 = 0; al = 0; a0 = 1;
b2 = 1; bl = 1.847759; b0 = 1;

That Qis filter quality factor or resonance, in the range of

1 to 1000. The overall filter Qis a product of all 2nd order stages.
For exanple, the 6th order filter (3 stages, or biquads)

wth individual Qof 2 will have filter Q=2 * 2 * 2 = 8.

These a and b coefficients are used directly by the szxform))
and bilinear() functions.

The transfer function for z-dommin is:
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Resonant low pass filter

1 + alphal * z~(-1) + alpha2 * z~(-2)
1 + betal * z~(-1) + beta2 * z"(-2)

When you need to change the filter frequency cutoff or resonance,
or Q you call the szxfornm() function with proper a and b
coefficients and the new filter cutoff frequency or resonance.

You al so need to supply the sanpling rate and filter gain you want
to achive. For our purposes the gain = 1.

We call szxform() function 2 tinmes becase we have 2 filter sections.
Each call provides different coefficients.

The gain argunent to szxform() is a pointer to desired filter
gai n vari abl e.

double k = 1.0; /* overall gain factor */

Upon return fromeach call, the k argunent will be set to a val ue,
by which to nmultiply our actual signal in order for the gain

to be one. On second call to szxform() we provide k that was
changed by the previous section. During actual audio filtering
function iir_filter() will use this k

Summary:

Qur filter is pretty close to ideal in terns of all rel evant
paraneters and filter stability even with extrenely | arge val ues
of resonance. This filter design has been verified under all

vari ations of paraneters and it all appears to work as adverti zed.

Good luck with it.
If you ever make a directX wapper for it, post it to conp.dsp.

*Ref er ences:

*Van Val kenburg, "Analog Filter Design"
*xford University Press 1982

*| SBN 0-19-510734-9

*

*C Language Algorithnms for Digital Signal Processing
*Paul Enbree, Bruce Kinble

*Prentice Hall, 1991

*| SBN 0- 13- 133406-9

*

*Digital Filter Designer's Handbook
*Wth C++ Algorithns

*Britton Rorabaugh

*McGaw H I, 1997
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Resonant low pass filter

*I SBN 0-07-053806-9
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Reverberation techniques

Reverberation techniques

References : Posted by Sean Costello

Notes:
* Parallel comb filters, followed by series allpassfilters. Thiswas the original design by
Schroeder, and was extended by Moorer. Has a VERY metallic sound for sharp transients.

* Several alpassfiltersin serie (also proposed by Schroeder). Also suffers from metallic sound.

* 2nd-order comb and allpass filters (described by Moorer). Not supposed to give much of an
advantage over first order sections.

* Nested allpassfilters, where an allpass filter will replace the delay line in another allpass
filter. Pioneered by Gardner. Haven't heard the results.

* Strange allpass amp delay line based structure in Jon Dattorro article (JAES). Four allpass
filters are used as an input to a cool "figure-8" feedback loop, where four allpass reverberators
are used in series with

afew delay lines. Outputs derived from various taps in structure. Supposedly based on a

L exicon reverb design. Modulating delay lines are used in some of the allpass structures to
"spread out” the elgentones.

* Feedback Delay Networks. Pioneered by Puckette/Stautner, with Jot conducting extensive
recent research. Sound VERY good, based on initial experiments. Modulating delay lines and
feedback matrixes used to spread out eigentones.

* Waveguide-based reverbs, where the reverb structure is based upon the junction of many
waveguides. Julius Smith devel oped these. Recently, these have been shown to be essentially
equivalent to the feedback delay network reverbs. Also sound very nice. Modulating delay lines
and scattering values used to spread out eigentones.

* Convolution-based reverbs, where the sound to be reverbed is convolved with the impulse
response of aroom, or with exponentially-decaying white noise. Supposedly the best sound, but
very computationally expensive, and not very flexible.

* FIR-based reverbs. Essentially the same as convolution. Probably not used, but shorter FIR
filters are probably used in combination with many of the above techniques, to provide early
reflections.
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Saturation

Saturation

Type : Waveshaper
References : Posted by Bram

Notes:

when the input is below a certain threshold (t) these functions return the input, if it goes over

that threshold, they return a soft shaped saturation.
Neigther claimsto befast ;-)

Code:
float saturate(float x, float t)
{
i f(fabs(x)<t)
return x
el se
{
if(x > 0.f);
returnt + (1L.f-t)*tanh((x-t)/(1-t));
el se
return -(t + (1.f-t)*tanh((-x-t)/(1-t)));
}
}
or

fl oat signoid(x)

{
i f(fabs(x)<1)
return x*(1.5f - 0.5f*x*x);
el se
return x > 0.f ?2 1.f : -1.f;
}
float saturate(float x, float t)
{
i f(abs(x)<t)
return x
el se
{
if(x > 0.f);
returnt + (1L.f-t)*sigmoid((x-t)/((1-t)*1.5f));
el se
return -(t + (1.f-t)*sigmoid((-x-t)/((1-t)*1.5f)));
}
}
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SawSin

Type: Oscillator shape
References : Posted by Alexander Kritov

Code:
doubl e sawsi n(doubl e x)

{
double t = fnod(x/(2*M PIl), (doubl e) 1. 0);
if (t>0.5)
return -sin(x);
if (t<=0.5)
return (double)2.0*t-1.0;
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Simple peak follower

Type: amplitude analysis
References : Posted by Phil Burk

Notes:

This simple peak follower will give track the peaks of asignal. It will rise rapidly when the
input isrising, and then decay exponentially when the input drops. It can be used to drive VU
meters, or used in an automatic gain control circuit.

Code:
/1 halfLife = tinme in seconds for output to decay to half value after an

i npul se
static float output = 0.0;
float scalar = pow( 0.5, 1.0/ (halfLife * sanpleRate)));

if( input < 0.0)
input = -input; /* Absolute value. */

if ( input >= output )

{ /* When we hit a peak, ride the peak to the top. */
out put = i nput;

}

el se

{

/* Exponential decay of output when signal is low */

out put = output * scalar;

/~k

** \When current gets close to 0.0, set current to 0.0 to prevent FP
under f 1 ow

** which can cause a severe performance degradation due to a fl ood

** of interrupts.

*/

i f( output < VERY _SMALL FLOAT ) output = 0.0;
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Sin, Cos, Tan approximation

References : Posted by jan[AT]rpgfan[DOT]demon[DOT]co[ DOT]uk
Linked file : approx.h (thislinked file isincluded below)

Notes:
Code for approximation of cos, sin, tan and inv sin, etc.
Surprisingly accurate and very usable.

Code:

Linked files

Real Math:: FastSin0O (Real fAngle)
{
Real fASqgr = fAngl e*f Angl e;
Real fResult = 7.61e-03f;
fResult *= fASqr;
fResult -= 1.6605e-01f;
fResult *= fASqr;
fResult += 1.0f;
fResult *= fAngl e;
return fResult:

Real Math:: FastSinl (Real fAngle)
{
Real fASgr = fAngl e*f Angl e;
Real fResult = -2.39e-08f;
fResult *= fASqr;
fResult += 2.7526e-06f;
fResult *= fASqr;
fResult -= 1.98409e- 04f;
f Resul t f ASqr ;
f Resul t 8. 3333315e- 03f;
f Resul t f ASqr ;
f Resul t 1. 666666664e- 01f;
f Resul t f ASqr ;
f Resul t 1. Of;
fResult *= fAngle;
return fResult;

*

=+

* 1

*
1 e T | T O O | B

* 4
|

Real Mat h:: Fast CosO (Real fAngle)
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Sin, Cos, Tan approximation

Real fASqgr = fAngl e*f Angl e;
Real fResult = 3.705e-02f;
fResult *= fASqgr;

fResult -= 4.967e-01f;
fResult *= fASqr;

fResult += 1.0f;

return fResult;

Real Mat h:: FastCosl (Real fAngle)
{
Real fASqgr = fAngl e*f Angl e;
Real fResult = -2.605e-07f;
fResult *= fASqr;
fResult += 2.47609e- 05f;
fResult *= fASqr;
f Resul t 1.3888397e- 03f;
f Resul t f ASqr ;
f Resul t 4.16666418e- 02f;
f Resul t f ASqr ;
f Resul t 4.999999963e- 01f;
f Resul t f ASqr ;
fResult += 1.0f;
return fResult:

% 1

* 4

* 1

Real Math:: Fast TanO (Real fAngle)
{
Real fASgr = fAngl e*f Angl e;
Real fResult = 2.033e-01f;
fResult *= fASqr;
fResult += 3.1755e-01f;
fResult *= fASqgr;
fResult += 1.0f;
fResult *= fAngle;
return fResul t;

Real Math:: Fast Tanl (Real fAngle)
{
Real fASqgr = fAngl e*f Angl e;
Real fResult = 9.5168091e-03f;
fResult *= fASqr;
f Result += 2.900525e-03f;
fResult *= fASqr;
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f Result += 2.45650893e-02f;
fResult *= fASqr;
fResult += 5.33740603e-02f;
fResult *= fASqgr;
fResult += 1.333923995e-01f;
fResult *= fASqr;
fResult += 3.333314036e-01f;
fResult *= fASqr;
fResult += 1.0f;
fResult *= fAngle;
return fResult;
}
B i i
Real Math::FastlnvSin (Real fValue)
{
Real fRoot = Math::Sqgrt(1.0f-fValue);
Real fResult = -0.0187293f;
f Result *= fVal ue;
fResult += 0.0742610f;
fResult *= fVal ue;
fResult -= 0.2121144f;
fResult *= fVal ue;
fResult += 1.5707288f;
fResult = HALF_PI - fRoot*fResult;
return fResult:
}
R T R I
Real Math:: FastlnvCos (Real fValue)
{
Real fRoot = Math::Sqgrt(1.0f-fValue);
Real fResult = -0.0187293f;
fResult *= fVal ue;
fResult += 0.0742610f;
fResult *= fVal ue;
fResult -= 0.2121144f;
fResult *= fVal ue;
fResult += 1.5707288f;
fResult *= fRoot;
return fResult;
}
B e T I
Real Mat h::FastlnvTanO (Real fVal ue)
{
Real fVSgr = fVal ue*fVal ue;
Real fResult = 0.0208351f;
fResult *= fVSqr;

http://www.musicdsp.org/showone.php?id=115 (3 of 4) [11/10/2002 12:53:14 AM]



Sin, Cos, Tan approximation

fResult -= 0.085133f;
fResult *= fVSqr;
fResult += 0.180141f;
fResult *= fVSqgr;
fResult -= 0.3302995f;
fResult *= fVSqr;
f Result += 0.999866f ;
f Result *= fVal ue;
return fResult;
}
A e I i
Real Math:: FastlnvTanl (Real fVal ue)
{
Real fVSgr = fVal ue*fVal ue;
Real fResult = 0.0028662257f;
fResult *= fVSqr;
fResult -= 0.0161657367f;
fResult *= fVSqr;
fResult += 0.0429096138f;
fResult *= fVSqr;
fResult -= 0.0752896400f;
fResult *= fVSqr;
fResult += 0.1065626393f;
fResult *= fVSqgr;
fResult -= 0.1420889944f ;
fResult *= fVSqr;
f Result += 0.1999355085f;
fResult *= fVSqr;
fResult -= 0.3333314528f;
fResult *= fVSqr;
fResult += 1.0f;
fResult *= fVal ue;
return fResul t;
}
B i I i T
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Sine calculation

Type : waveform generation, Taylor approximation of sin()
References : Posted by Phil Burk

Notes:

Code from JSyn for a sine wave generator based on a Taylor Expansion. It is not as efficient as
the filter methods, but it has linear frequency control and is, therefore, suitable for FM or other
time varying applications where accurate frequency is needed. The sine generated is accurate to
at least 16 hits.

Code:
for(i=0; I < nSanples ; i++)

{

/| Generate sawt oot h phasor to provi de phase for sine generation
| ncrenent W apPhase( phase, fregPtr[i]);
/I Wap phase back into region where results are nore accurate

i f(phase > 0.5)

yp = 1.0 - phase;
el se
{

i f(phase < -0.5)

yp = -1.0 - phase;
el se
yp = phase;

}

X =yp * Pl;
X2 = X*X;:

/| Tayl or expansion out to x**9/9! factored into multiply-adds
fastsin = x*(x2*(x2*(x2*(x2*(1. 0/ 362880. 0)
- (1.0/5040.0))
(1.0/120.0))
(1.0/6.0))
1.0);

—+

—+

outPtr[i] fastsin * anpl Ptr[i];
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smsPitchScale Source Code

Type: Pitch Scaling (often incorrectly referred to as "Pitch Shifting") using the Fourier
transform

References : Posted by smg[AT]dspdimension.com

Linked file : http://www.dspdimension.com

Code:

See above web site
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Soft saturation

Type : waveshaper
References : Posted by Bram de Jong

Notes:
This only works for positive values of x. ashould beintherange0..1

Code:

X < a:

f(x)

X > a:

f(x)

x > 1:

f(x)

X

a + (x-a)/ (1+((x-a)/ (1-a))"2)

(a+l)/2
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Square Waves

Type : waveform generation
References : Posted by Sean Costello

Notes:
One way to do a square wave:

Y ou need two buzz generators (see Dodge & Jerse, or the Csound source code, for
implementation details). One of the buzz generators runs at the desired square wave frequency,
while the second buzz generator is exactly one octave above this pitch. Subtract the higher
octave buzz generator's output from the lower buzz generator's output - the result should be a
signal with all odd harmonics, all at equal amplitude. Filter the resultant signal (maybe integrate
it). Voila, a bandlimited square wave! Well, | think it should work...

The one question | have with the above technique is whether it produces awaveform that truly
resembles a square wave in the time domain. Even if the number of harmonics, and the relative
ratio of the harmonics, isidentical to an "ideal" bandwidth-limited square wave, it may have an
entirely different waveshape. No big deal, unless the signal is processed by a nonlinearity, in
which case the results of the nonlinear processing will be far different than the processing of a
waveform that has a similar shape to a square wave.
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State variable

Type : 12db resonant low, high or bandpass
References : Effect Deisgn Part 1, Jon Dattorro, J. Audio Eng. Soc., Vol 45, No. 9, 1997
September

Notes:
Digital approximation of Chamberlin two-pole low pass. Easy to calculate coefficients, easy to
process algorithm.

Code:

cutoff = cutoff freq in Hz

fs = sanpling frequency //(e.g. 44100Hz)

f =2 sin (pi * cutoff / fs) //[approxi mately]

g = resonance/bandwidth [0 < g <= 1] npbst res: g=1, less: =0
| ow = | owpass out put

hi gh hi ghpass out put

band bandpass out put

notch = notch out put

scale = q
| ow=hi gh=band=0;

/'] --beginl oop

low = low + f * band;
high = scale * input - |ow - g*band,
band = f * high + band;

notch = high + | ow
/'l --endl oop
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State Variable Filter (Double Sampled, Stable)

Type: 2 Pole Low, High, Band, Notch and Peaking
References : Posted by Andrew Simper

Notes:
Thanksto Laurent de Soras for the stability limit
and Steffan Diedrichsen for the correct notch output.

Code:
i nput = input buffer;
out put = output buffer;
fs = sanpling frequency;
fc = cutoff frequency normally sonething |ike:
440. 0*powm( 2.0, (mdi _note - 69.0)/12.0);
res = resonance 0 to 1
drive = internal distortion O to 0.1
freq = MNO.25, 2.0*sin(Pl*fc/(fs*2))); [/ the fs*2 is because it's

doubl e sanpl ed

danmp = MN(2.0(1.0 - powmres, 0.25)), MN(2.0, 2.0/freq - freg*0.5));
notch = notch out put

| ow = | ow pass out put

hi gh = hi gh pass out put

band = band pass out put

peak = peaking output = low - high

doubl e sanpl ed svf | oop:
for (i=0; i<nunBanples; i++)

{
in = input[i];
notch = in - danp*band;
low = low + freg*band,
high = notch - | ow,
band = freg*high + band - drive*band*band*band,
out = 0.5*(notch or low or high or band or peak);
notch = in - danp*band;
low = low + freg*band,
high = notch - | ow,
band = freg*high + band - drive*band*band*band,

out += 0.5*(sanme out as above);
output[i] = out;
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Time domain convolution with O(n*log2(3))

References : Wilfried Welti

Notes:

[Quoted from Wilfrieds mail...]

| found last weekend that it is possible to do convolution in time domain (no complex numbers,
100% exact result with int) with O(n*log2(3)) (about O(N"1.58)).

Due to smaller overhead compared to FFT-based convolution, it should be the fastest algorithm
for medium sized FIR's.
Though, it's lower as FFT-based convolution for large n.

It's pretty easy:

Let's say we have two finite signals of length 2n, which we want convolve : A and B. Now we
split both signalsinto parts of sizen, soweget A =Al+ A2, and B =B1 +B2.

Now we can write:

(1) A*B = (A1+A2)*(B1+B2) = A1*B1 + A2*B1 + A1*B2 + A2*B2

where * means convolution.

Thiswe knew already: We can split a convolution into four convolutions of halved size.
Things become interesting when we start shifting blocksin time:

Be z asigna which hasthe value 1 at x=1 and zero elsewhere. Convoluting asignal X withzis
equivalent to shifting X by one rightwards. When | define z*n as n-fold convolution of z with
itself, like: M = z, Z\2 = ¥z, 20 = z shifted |leftwards by 1 = impulse at x=0, and so on, | can
use it to shift signals:

X * z"n means shifting the signal X by the value n rightwards.
X * z-n means shifting the signal X by the value n leftwards.

Now we ook at the following term:
(2 (A1+A2* z*-n)* (B1+B2* z*-n)

Thisisaconvolution of two blocks of size n: We shift A2 by n leftwards so it completely
overlaps A1, then we add them.
We do the same thing with B1 and B2. Then we convolute the two resulting blocks.
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now let's transform this term:
(3) (AL+A2* z*-n) * (B1+ B2* z*-n)

=A1*B1+ A1*B2*z*-n + A2*Z"-n*B1 + A2*z" n*B2*z*-n
=Al*Bl+ (A1*B2 + A2*B1)*z*-n + A2*B2*z™-2n

(4) (A1 + A2* z’-n) * (B1+ B2* z*-n) - A1*B1- A2*B2*z*-2n

= (A1*B2 + A2*B1)*Z"-n

Now we convolute both sides of the equation (4) by z*n:

(5) (A1l + A2* z*-n)*(B1 + B2 * z*-n)*z"n - A1*B1*z"n - A2*B2*z*-n
= (A1*B2 + A2*B1)

Now we see that the right part of equation (5) appears within equation (1), so we can replace
this appearance by the left part of eq (5).

(6) A*B = (A1+A2)*(B1+B2) = A1*B1+ A2*B1 + A1*B2 + A2*B2

=Al1*Bl
+(Al+A2* z™-n)*(B1+ B2* z*-n)*z"n - A1*B1*z"n - A2*B2*z*-n
+A2*B2

Voila

We have constructed the convolution of A*B with only three convolutions of halved size.
(Since the convolutions with z*n and z*-n are only shifts
of blocks with size n, they of course need only n operations for processing :)

This can be used to construct an easy recursive algorithm of Order O(n"*log2(3))

Code:

voi d convol ution(val ue* inl, value* in2, value* out, value* buffer, int

Si ze)

{
val ue* tenpl
val ue* tenp2
int i;

buf f er;
buffer + sizel/2;

/1 clear output.
for (i=0; i<size*2; i++) out[i] = 0;

/1 Break condition for recursion: 1x1 convolution is multiplication.
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if (size ==1)

{
out[0] =inl[0] * in2[0];
return;

}
/1l first calculate (A1 + A2 * z*-n)*(Bl + B2 * z"-n)*z"n

signal _add(inl, inl+sizel/2, tenpl, sizel?2);
signal _add(i n2, in2+sizel/2, tenp2, sizel?2);
convol ution(tenpl, tenp2, out+size/2, buffer+size, sizel?2);

/! then add A1*Bl1 and substract Al1*Bl*z”n

convol ution(inl, in2, tenpl, buffer+size, sizel?2);
signal __add_to(out, tenpl, size);
signal _sub_fron{out +si ze/ 2, tenpl, size);

/1 then add A2*B2 and substract A2*B2*z”"-n

convol ution(inl+size/2, in2+sizel/?2, tenpl, buffer+size, sizel?2);
signal _add_t o(out +si ze, tenpl, size);
signal _sub_fron{out +si ze/ 2, tenpl, size);

}

"value" may be a suitable type like int or float.
Paranmeter "size" is the size of the input signals and nust be a power of 2.
out and buffer nust point to arrays of size 2*n.

Just to be conplete, the hel per functions:

voi d signal _add(val ue* inl, value* in2, value* out, int size)

{ . .

int i;

for (1=0; i<size; i++) out[i] =inl[i] + in2[i];
}
voi d signal _sub_fron(val ue* out, value* in, int size)
{ . .

int i;

for (1=0; i<size; i++) out[i] -=1in[i];
}
voi d signal _add_to(val ue* out, value* in, int size)
{ . .

int i;

for (1=0; i<size; i++) out[i] +=1in[i];
}
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Time domain convolution with O(n*log2(3))

References : Posted by Magnus Jonsson

Notes:

[see other code by Wilfried Welti too!]

Code:
void nmul _brute(float *r, float *a, float *Db,
{
for (int i =0; i < ww |++)
rii] = 0;
for (int i =0; i <w i++)
{
float *rr = r+i;
float ai = a[i];
for (int j =0; j <w j++)
re[j] += ai*b[j];
}
}
/1l tnp nust be of length 2*w
void mul _knuth(float *r, float *a, float *Db,
{
if (w < 30)
{
mul _brute(r, a, b, w;
}
el se
{
int m= w>1;
for (int i =0; i <n i++)
{
rfi ] =a[mi]-ali ];
rii+m = b[i J-b[mti];
}
mul _knut h(tnp, r r+m m tnp+w);
mul _knuth(r , a b , m tnmp+w);
mul _knut h(r+w, a+m b+m m tnp+w);
for (int i =0; i <n i++)
{
float bla = r[m+i]+r[w+i];
rimri] = bla+r[i ]+tp[i ];
rfwti] = bl atr[w+mti ] +tnp[i +n];
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tone detection with Goertzel

Type: Goertzel
References : Posted by espenr@ii.uib.no
Linked file : http://www.ii.uib.no/~espenr/tonedetect.zip

Notes:

Goertzel isbasically DFT of parts of a spectrum not the total spectrum as you normally do with
FFT. So if you just want to check out the power for some frequencies this could be better. Is
good for DTFM detection I've heard.

The WNKk isn't calculated 100% correctly, but it seemsto work so ;) Y eah and the code is C++
so you might have to do some small adjustment to compileit as C.

Code:

[** Tone detect by CGoertzel algorithm

*

* This program basically searches for tones (sines) in a sanple and reports
the different dB it finds for

* different frequencies. Can easily be extended with sone thresholding to
report true/false on detection.

*I"mfar fromcertain goertzel it inplenmented 100% correct, but it works
H)

*

* Hint, the SAMPLERATE, BUFFERSI ZE, FREQUENCY, NO SE and S| GNALVOLUME al
affects the outcone of the reported dB. Tweak

*emto find the settings best for your application. Al so, seens to be
pretty sensitive to noise (whitenoise anyway) which

*is abit sad. Also | don't knowif the goertzel really likes float val ues
for the frequency ... And using 44100 as

* sanplerate for detecting 6000 Hz tone is kinda silly I know :)

*

* Witten by: Espen Riskedal, espenr@i.uib.no, july-2002

*/

#i ncl ude <i ostreane
#i ncl ude <cmat h>
#i ncl ude <cstdlib>

usi ng std::rand;
/1 math stuff
usi ng std::cos;
usi ng std:: abs;
usi ng std::exp;
using std::10gl0;
/'l iostream stuff
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usi ng std::cout;
usi ng std::endl;

#define Pl 3.14159265358979323844

/'l change the defines if you want to
#defi ne SAMPLERATE 44100

#defi ne BUFFERSI ZE 8820

#defi ne FREQUENCY 6000

#define NO SE 0. 05

#def i ne SI GNALVOLUME 0. 8

[** The CGoertzel algorithmconputes the k-th DFT coefficient of the input
signal using a second-order filter.
* http://ptol eny. eecs. ber kel ey. edu/ papers/ 96/ dtnf _i ct/ww node3. ht il .
* Basiclly it just does a DFT of the frequency we want to check, and none
of the others (FFT calculates for all frequencies).
*/
fl oat goertzel (float *x, int N, float frequency, int sanplerate) {
float Skn, Sknl, Skn2;
Skn = Sknl = Skn2 = 0;

for (int i=0; i<N i++) {

Skn2 Sknl;

Sknl Skn;

Skn = 2*cos(2*Pl *frequency/ sanpl erate) *Sknl - Skn2 + x[i];
}

float WNKk = exp(-2*Pl *frequency/sanplerate); // this one ignores
conpl ex stuff

[1float WNK = exp(-2*]j*Pl*k/N);

return (Skn - W\k*Sknl);
}

/** Generates a tone of the specified frequency
* Cotten from http://groups. google.conm groups?hl =en&l r =& e=UTF- 8&oe=UTF-
8&saf e=of f &sel m=3c641e%243j n%10ui csl . csl . ui uc. edu

*/
fl oat *makeTone(int sanplerate, float frequency, int length, float
gai n=1.0) {

[ly(n) =2 * cos(A * y(n-1) - y(n-2)

/1 A= (frequency of interest) * 2 * Pl / (sanpling frequency)
[1Ais in radians.

/'l frequency of interest MIUST be <= 1/2 the sanpling frequency.
float *tone = new float[l ength];

float A = frequency*2*Pl/sanpl erat e;

for (int i=0; i<length; i++) {

if (i >1) tone[i]= 2*cos(A)*tone[i-1] - tonel[i-2];
else if (i >0) tone[i] = 2*cos(A)*tone[i-1] - (cos(A));
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el se tone[i] = 2*cos(A)*cos(A) - cos(2*A);

}

for (int i=0; i<length; i++) tone[i]

return tone;

}

/** adds whitenoise to a sanple */
voi d *addNoi se(fl oat *sanple, int length

1) *gai n;
}

[** returns the signal power/dB */
fl oat power(float value) {

return 20*1 oglO(abs(val ue));
}

int main(int argc, const char* argv) {

tone[i] *gain;

fl oat gain=1.0) {
for (int i=0; i<length; i++) sanple[i] += (2*(rand()/(fl oat) RAND_MAX) -

cout << "Sanplerate: " << SAMPLERATE << "Hz\n";

cout << "Buffersize: " << BUFFERSIZE << " sanpl es\n";
cout << "Correct frequency is: " << FREQUENCY << "Hz\n";
cout << " - signal volune: " << SI GNALVOLUME*100 << "9%n"
cout << " - white noise: " << NO SE*100 << "% n";

float *tone = nmakeTone( SAMPLERATE, FREQUENCY, BUFFERSI ZE,

SI GNALVOLUME) ;
addNoi se(tone, BUFFERSI ZE, NO SE)

i nt stepsize = FREQUENCY/ 5;

for (int i=0; i<10; i++) {
int freq = stepsize*i;
cout << "Trying freq: " << freq << "Hz
BUFFERSI ZE, freq, SAMPLERATE)) << endl
}

del et e tone;

return O;
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Variable-hardness clipping function

References : Posted by Laurent de Soras
Linked file : laurent.gif (thislinked fileisincluded below)

Notes:
k >= 1 isthe"clipping hardness'. 1 gives a smooth clipping, and a high value gives
hardclipping.

Don't set k too high, because the formula use the pow() function, which use exp() and would
overflow easily. 100 seems to be a reasonable value for "hardclipping"

Code:
f (x) =sign (x) * pow (atan (pow (abs (x), k)), (1 / k));
Linked files
1
0.5-
2 R ] i 2
X
05
1
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Various Biquad filters

References: JAES, Val. 31, No. 11, 1983 November
Linked file: filtersD03.txt (this linked file is included below)

Notes:
(seelinkfile)
Filtersincluded are:
presence
shelvelowpass
2polebp
peaknotch
peaknotch?2

Linked files

/*

* Presence and Shelve filters as given in

* Janmes A. Moorer

* The mani fold joys of conformal mapping:
applications to digital filtering in the studio
JAES, Vol. 31, No. 11, 1983 Novenber

* % X

/
#defi ne SPN M NDOUBLE

doubl e bw2angl e( a, bw)
doubl e a, bw;

{

doubl e T,d, sn,cs, mag, delta, theta,tnp, a2, a4, asnd;

T = tan(2. 0*Pl *bw) ;
a2 a*a,

a4 az2*az;

d = 2. 0%a2*T,;

sn = (1.0 + a4)*T,

cs = (1.0 - a4d);

mag = sqrt(sn*sn + cs*cs);
d /= mag;

delta = atan2(sn,cs);
asnd = asin(d);
theta = 0.5*(PI - asnd - delta);
tnp = 0.5*(asnd-delta);
if ((tnp > 0.0) & (tnp < theta)) theta = tnp;
return(thetal/(2.0*Pl));
}

voi d presence(cf, boost, bw, a0, al, a2, bl, b2)
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doubl e cf, boost, bw, *a0, *al, *a2, *bl, *b2;

{
doubl e a, A F, xf mbw, C, t np, al phan, al phad, b0, reci pb0, asq, F2, a2pl usl, na2pl usl

a = tan(Pl*(cf-0.25));

asq = a*a;

A = pow 10. 0, boost/ 20. 0);

if ((boost < 6.0) && (boost > -6.0)) F = sqrt(A);
elseif (A>1.0)0 F = Asqrt(2.0);

else F = A*sqgrt(2.0);

xf mbow = bw2angl e( a, bw) ;

C = 1.0/ tan(2. 0*PI *xf mbw) ;

F2 = F*F;

tnp = A*A - F2;

if (fabs(tnp) <= SPN) al phad = C

el se al phad = sqrt(C*C*(F2-1.0)/tnp);
al phan = Aral phad;

azplusl = 1.0 + asq;
ma2plusl = 1.0 - asq;

*a0 = a2plusl + al phan*ma2pl usl;
*al = 4.0%a;
*a2 = a2plusl - al phan*ma2pl usi,

bO = a2plusl + al phad*nma2pl usl;
*b2 = a2plusl - al phad*ma2pl usl;

reci pbO0 = 1.0/ bO0;
*a0 *= recipbO;
*al *= recipbO;
*a2 *= recipbhoO;
*pbl = *al
*b2 *= reciphO;

}

voi d shel ve(cf, boost, a0, al, a2, bl, b2)

doubl e cf, boost, *a0, *al, *a2, *bl, *b2;

{
doubl e a, A F, tnp, b0, reci pb0, asq, F2, gamma2, si ggan®, gankpl;
doubl e gamman, gamad, t a0, tal, ta2,tb0,tbl, tb2, aal, abl;

a = tan(Pl*(cf-0.25));

asq = a*a;

A = pow 10. 0, boost/ 20. 0);

if ((boost < 6.0) &% (boost > -6.0)) F = sqrt(A);
else if (A>1.0) F = Asqrt(2.0);

else F = A*sqrt(2.0);

F2 = F*F;
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tnp = A*A - F2;

if (fabs(tnp) <= SPN) ganmmad = 1.0;
el se gammad = pow( (F2-1.0)/tnp, 0. 25);
gamman = sqrt (A) *gammad;

ganma?2 gaman* gamran
ganpl 1.0 + ganmaz,;

siggan2 = 2.0*sqrt(2.0)/2.0*ganman;
tao gan2pl + siggang;

tal -2.0*(1.0 - gamm2);

taz2 gan2pl - siggan®;

gamma2 = gamrad* gamrad;
ganpl = 1.0 + gammZ2;
siggank = 2.0*sqrt(2.0)/2. 0*gamrad;

tb0 = gankpl + siggant;

thl = -2.0%(1.0 - ganm2);

tb2 = gan2pl - siggang;

aal = a*tal;

*a0 = ta0 + aal + asq*taz;

*al = 2.0*a*(taO+ta2)+(1. O+asq)*tal;
*a2 = asg*ta0 + aal + taz;

abl = a*thbil,

bO = tb0 + abl + asq*tb2;
*bl 2.0*a*(t b0+t b2) +( 1. O+asq) *t b1;
*pb2 asgq*tb0 + abl + tb2;

reci pbO = 1.0/ b0;
*a0 *= recipbO;
*al *= recipbO;
*a2 *= recipbO;
*bl *= reciphO;
*b2 *= reciphO;

}

void initfilter(f)
filter *f;
{
f->x1
f->x2
f->yl
f->y2
f->y = 0.0;
}

voi d setfilter_presence(f, freq, boost, bw)
filter *f;
doubl e freq, boost, bw,

CO0o0o
eeee
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{
presence(freq/ (doubl e) SR, boost , bw (doubl e) SR,

&f - >cx, & - >cx1, & - >cx2, &f - >cyl, &f - >cy2);

f->cyl = -f->cyl;
f->cy2 = -f->cy2;
}
voi d setfilter_shelve(f,freq, boost)
filter *f;
doubl e freq, boost;
{

shel ve(freq/ (doubl e) SR, boost,
&f - >cx, & - >cx1, & - >cx2, &f - >cyl, &f - >cy2);

f->cyl = -f->cyl;
f->cy2 = -f->cy2;
}
voi d setfilter_shel vel owpass(f, freq, boost)
filter *f;
doubl e freq, boost;
{

doubl e gai n;

gain = pow 10. 0, boost/ 20. 0) ;
shel ve(freq/ (doubl e) SR, boost,
&f - >cx, &f - >cx1, & - >cx2, &f - >cyl, &f - >cy2);

f->cx /= gain,;

f->cx1 /= gain;

f->cx2 /= gain;

f->cyl = -f->cyl;

f->cy2 = -f->cy2;

}

/*
* As in ""An introduction to digital filter theory'' by Julius O Smth
* and in Mbore's book; | use the normalized version in More's book.
*/

voi d setfilter_2pol ebp(f,freq, R

filter *f;

double freq, R

{

doubl e thet a;

theta = 2. 0*Pl *freq/ (doubl e) SR
f->cx = 1.0-R,

f->cx1 = 0.0;

f->cx2 = -(1.0-R*R;

f->cyl = 2. 0*R*cos(theta);
f->cy2 = -R*R
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/*
* As in
* Stanley A Wite
* Design of a digital biquadratic peaking or notch filter
* for digital audio equalization
* JAES, Vol. 34, No. 6, 1986 June
*/
voi d setfilter_peaknotch(f,freq, M bw)
filter *f;
doubl e freq, M bw,
{

doubl e w0, p, omta, d;

wo = 2.0*Pl *freq;

if ((1.0/sqgrt(2.0) <M && (M< sgrt(2.0))) {
fprintf(stderr,"peaknotch filter: 1/sqrt(2) < M< sgrt(2)\n");
exit(-1);

}

if (M<=1.0/sqgrt(2.0)) p =sqrt(1.0-2.0*MM;

if (sqrt(2.0) <=M p =sqrt(MM2.0);

om = 2. 0*Pl *bw,
ta = tan(om ((doubl e) SR*2.0));
d = ptta;

f->cx = (p+tMta)/d;

f->cx1 = -2.0*p*cos(wO/ (doubl e) SR)/ d;
f->cx2 = (p-Mta)/d;
f->cyl = 2. 0*p*cos(w0/ (doubl e) SR)/ d;
f->cy2 = -(p-ta)/d;

}

/*

* Some JAES s article on | adder filter.
* freq (Hz), gdb (dB), bw (Hz)

*/
voi d setfilter_peaknotch2(f,freq, gdb, bw)
filter *f;
doubl e freq, gdb, bw;
{

doubl e k, w, bw , abw, gai n;

k pow( 10. 0, gdb/ 20. 0) ;

w = 2.0*Pl *freq/ (doubl e) SR;

bw = 2.0*Pl *bw (doubl e) SR,

abw = (1.0-tan(bw/2.0))/ (1. 0+tan(bw/2.0));
gain = 0.5*(1. O+k+abw k*abw) ;

f->cx = 1.0*gain;

f->cx1 = gain*(-2.0*cos(w) *(1. 0O+abw))/ (1. O+tk+abw k*abw) ;
f->cx2 = gai n*(abwtk*abw+1. 0- k) / (abw k*abw+1. 0+K) ;
f->cyl = 2. 0*cos(w) /(1. 0+tan(bw/2.0));
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f->cy2 = -abw,

}

doubl e applyfilter(f,x)
filter *f;
doubl e x;

{
X;

f->y = f->cx * f->x + f->cx1 * f->x1 + f->cx2 * f->x2
+ f->cyl * f->y1 + f->cy2 * f->y2;

f->x2 = f->x1;
f->x1 = f->x;
f->y2 = f->y1;
f->yl = f->y;
return(f->y);
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Waveform generator using MinBLEPS

References : Posted by locke[ AT]rpgfan.demon.co.uk
Linked file: MinBLEPS.zip

Notes:
C code and project file for MSV C6 for a bandwidth-limited saw/square (with PWM) generator
using MinBLEPS.

This codeis based on Eli's MATLAB MinBLEP code and uses his original minblep.mat file.
Instead of keeping alist of all active MinBLEPS, the output of each MinBLEP is stored in a
buffer, in which al consequent MinBLEPS and the waveform output are added together. This
optimization makes it fast enough to be used realtime.

Produces slight aliasing when sweeping high frequencies. | don't know wether Eli's origina
code does the same, because | don't have MATLAB. Any help would be appreciated.

The project name is 'hardsync’, because it's easy to generate hardsync using MinBLEPS.

Code:
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WaveShaper

WaveShaper

Type : waveshaper
References : Posted by Bram de Jong

Notes:

where x (in [-1..1] will be distorted and ais a distortion parameter that goes from 1 to infinity
The equation isvalid for positive and negativ values.

If aisl, it resultsin adlight distortion and with bigger a'sthe signal get's more funky.

A good thing about the shaper is that feeding it with bigger-than-one
values, doesn't create strange fx. The maximum this function will reach is
1.2 for a=1.

Code:
f(x,a) = x*(abs(x) + a)/(x*2 + (a-1)*abs(x) + 1)

http://www.musicdsp.org/showone.php?id=41 [11/10/2002 12:53:19 AM]



Waveshaper

Waveshaper

Type : waveshaper
References : Posted by Jon Watte

Notes:

A favourite of mineisusing asin() function instead.

Thiswill have the "unfortunate” side effect of removing

odd harmonicsif you take it to the extreme: atriangle

wave gets mapped to a pure sine wave.

Thiswill work with agoing from .1 or so to a= 5 and bigger!
The mathematical limitsfor a= 0 actually turnsit into alinear
function at that point, but unfortunately FPUs aren't that good
with calculus :-) Once agoes above 1, you start getting clipping
in addition to the "soft" wave shaping. It starts getting into
more of an effect and less of a mastering tool, though :-)

Seeing asthisisjust various forms of wave shaping, you
could do it all with alook-up table, too. In my version, that would
get rid of the somewhat-expensive sin() function.

Code:
(input: a == "overdrive anmount")
z = MPI * a;
s = 1/sin(z)
b =1/a
if (x > Db)
f(x) =1
el se
f(x) = sin(z*x)*s
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Waveshaper

Waveshaper

References : Posted by Partice Tarrabia and Bram de Jong

Notes:
amount should bein [-1..1] Plot it and stand back in astonishment! ;)

Code:

X = input in [-1..1]

y = out put

k = 2*anount/ (1-anount) ;

f(x) = (1+k)*x/(1+k*abs(x))
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Waveshaper (simple description)

Type: Polynomial; Distortion
References : Posted by Jon Watte

Notes:
> The other question; what's a ‘waveshaper' algorithm. Is it simply another
> word for distortion?

A typical "waveshaper” is some function which takes an input sample value
X and transforms it to an output sample X'. A typical implementation would
be alook-up table of some number of points, and some level of interpolation
between those points (say, cubic). When people talk about a wave shaper,
thisis most often what they mean. Note that a wave shaper, as opposed to a
filter, does not have any state. The mapping from X -> X' is statel ess.

Some wave shapers are implemented as polynomials, or using other math
functions. Hard clipping is a wave shaper implemented using the min() and
max() functions (or the three-argument clamp() function, which is the same
thing). A very mellow and musical-sounding distortion is implemented using
athird-degree polynomial; something like X' = (3/2)X - (1/2)X"3. The nice
thing with polynomial wave shapersisthat you know that the maximum they
will expand bandwidth is their order. Thus, you need to oversample 3x to
make sure that a third-degree polynomial is aliasing free. With alookup
table based wave shaper, you don't know this (unless you treat an N-point
table as an N-point polynomial :-)

Code:
fl oat waveshape distort( float in ) {
return 1.5f * in - O0.5f * in *in * in;

}
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Waveshaper :: Gloubi-boulga

References : Laurent de Soras on IRC

Notes:
Multiply input by gain before processing

Code:
const double x i nput * 0. 686306;

const double a 1 + exp (sqrt (fabs (x)) * -0.75);
output = (exp (x) - exp (-x * a)) / (exp (x) + exp (-x));
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Wavetable Synthesis

Refer ences : Robert Bristow-Johnson
Linked file : http://www.harmony-central.com/Synth/Articles’Wavetable 101/\Wavetabl e-
101.pdf

Notes:
Wavetable sythesis AES paper by RBJ.
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Weird synthesis

Weird synthesis

References : Posted by Andy M0Ocho

Notes:

(quoted from Andy's mail...)

What I've done in a soft-synth I've been working on is used what 1've termed Fooglers, no
reason, just liked the name ;) Anyway all I've doneisuse a*VERY* short delay line of 256
samples and then use 2 controllable taps into the delay with High Frequency Damping, and a
feedback parameter.

Using atiny fixed delay size of approx. 4.8ms (realy 256 samples/1k memory with floats)
means this costs, in terms of cpu consumption practically nothing, and the filter isareal simple
1 pole low-pass filter. Maybe not DSPlitically correct but all | wanted was to avoid the high
frequencies trashing the delay line when high feedbacks (99%->99.9%) are used (when the fun
starts;;).

I've been getting some really sexy sounds out of thisidea, and of course you can have the delay
line tuneable if you choose to use fractional taps, but I'm happy with it asitis.. 1 nice simple,
yet powerful addition to the base oscillators.

In reality you don't need 2 taps, but | found that using 2 added that extra element of funkiness...
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Zoelzer biquad filters

Type: biquad IIR
References: Udo Zoelzer: Digital Audio Signal Processing (John Wiley & Sons, ISBN 0471
97226 6), Chris Townsend

Notes:

Here's the formulas for the Low Pass, Peaking, and Low Shelf, which should

cover the basics. | tried to convert the formulas so they are little more consistent.

Also, the Zolzer low pass/shelf formulas didn't have adjustable Q, so | added that for
consistency with Roberts formulas as well. | think someone may want to check that | did
it right.

------------ Chris Townsend

| mistranscribed the low shelf cut formulas.

Hopefully thisis correct. Thanks to James McCartney for noticing.

------------ Chris Townsend

Code:
onega = 2*Pl *frequency/sanple rate

K=t an( onega/ 2)
Q=Qual ity Factor

V=gai n
LPF: b0 = K*2
bl = 2*Kr2
b2 = Kr2
a0 = 1 + KIQ + Kr2
al = 2*(Kr2 - 1)
a2 = 1 - KQ+ Kr2
peaki ngEQ
boost :
bO = 1 + VK/IQ + K'2
bl = 2*(Kr2 - 1)
b2 = 1 - VK Q+ Kr2
a0 = 1 + KIQ + Kr2
al = 2*(Kr2 - 1)
a2 = 1 - KQ+ Kr2
cut:
bO = 1 + KQ + K2
bl = 2*(Kr2 - 1)
b2 = 1 - K Q+ K2
a0 = 1 + WK/IQ+ Kr2
al = 2*(Kr2 - 1)
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Zoelzer biquad filters

a2 = 1 - VK Q+ K2

| owShel f:

boost :
bO = 1 + sqgrt(2*V)*K + V*K"2
bl = 2*(VKr2 - 1)
b2 = 1 - sqgrt(2*V)*K + V*K"2
a0 = 1 + K/Q + K2
al = 2*(Kr2 - 1)
a2 = 1 - K Q+ K2

cut:
bO = 1 + K/IQ + K*2
bl = 2*(K*2 - 1)
b2 = 1 - K/ Q+ KN\2
a0 = 1 + sqgrt(2*V)*K + WK"2
al = 2*(v*Kr2 - 1)
a2 = 1 - sqgrt(2*V)*K + WK"2
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