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Bi-quad filters realization on AIC Codecs

ABSTRACT

HPA Software

This application report provides information regard ing filter equations and co-efficient format repres entation that
can be used to realize digital filters on the AIC3x xx miniDSP platform. It also explains ways to updat e the filter
coefficients on the fly using a host processor.
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1  Standard Bi-quad filter equations

1.1 All Pass (Phase shift) filters

Filter parameters

BW = Bandwidth in Hz

F.= Center frequency in Hz
Fs=Sample frequency in Hz

Error Checking

0< BWSi
2

0< chi
2

0<F, <192K
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Figure 1. Phase shift filter phase response (F~ .=1200Hz, BW=300Hz)

Equation

Bi-quad filters realization on AIC Codecs
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1.2

1- tar'(ﬁx BWJ
FS
1+ tar{ﬂ X B\Nj
FS
d= —CO{ZXﬂ'Xij
FS

a=

Filter Coefficients
bO=a
bl=dx(1+a)
al=Dbl

b2=1

a2=a

B = [b0 b1 b2]
A=[lala2]

Equalization filters

Filter Parameters

BW = Filter Bandwidth in Hz

F. = Filter Center Frequency in Hz
F;= Sample rate in Hz

G = Filter Gain in dB

Error Checking

0< BWSi
2

0<F <
2

0<F, <19X
~140<G <48

Bi-quad filters realization on AIC Codecs
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Figure 2. EQ filterwith F =1kHz, BW=100Hz,G=6dB

Equation

4 Bi-quad filters realization on AIC Codecs
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1.3

G

A =102
if (A<1)

Filter Coefficients
b0 =1+(1+ a)x%
bl=dx(1+a)

b2 = (—a—(1+ a)x%j

al=hl
a2=-a

B = [b0 b1 b2]
A=[lala2)

Notch Filters

Filter Parameters

BW = Notch Bandwidth in Hz

F.= Notch Center frequency in Hz
Fs=Sample rate in Hz

Error Checking

Bi-quad filters realization on AIC Codecs
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0< BWS5
2

0< chi
2

0<F, <19

Figure 3. Notch filter magnitude response with F =1kHz,BW=100Hz

Equation

Bi-quad filters realization on AIC Codecs
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1.4

a=

1+ tar{ﬂ X B\Nj
FS
d= —CO{ZXﬂ'Xij
FS

bO=a
bl=dx(1+a)
al=hl
b2=1
a2=a

Filter Coefficients

B = [b0 b1 b2]
A=[lala2]
B=05x(B+A)

Treble Shelf

Filter Parameters

F. = Treble Shelf Corner frequency in Hz
F;= Sample rate in Hz

G = Treble Shelf Gain in dB

Error Checking

0< chi
2

0<F, <192K
—24<G <24

Bi-quad filters realization on AIC Codecs
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Figure 4. Treble shelf filter magnitude response (F~ .=2kHz, G=-6dB)

Equation

8 Bi-quad filters realization on AIC Codecs
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fG>-6&G<6
F = sort(A)
elseif A>1
A
sart(2)
else
F = Axsort(2)
end

F>-1
gn=sgrt(A) x gd

ol o3

_gn®xa’+2xsxgn-2xgn’xa+l-2xsxgnxa’+a’+gn’+2xa
1+gd® +2xsxgd -2xsxgdxa’+gd®xa’—-2xgd’xa+a’ +2xa

2-2xgn®xa’+4xgn’xa+4xa—2xgn®+2xa’

bl = 2 2 2 A2 2 2
1+9d°+2xsxgd-2xsxgdxa“+gd°xa”—-2xgd°xa+a“+2xa
b2 1+2xsxgnxa’®-2xsxgn+2xa+a’+gn°-2xgn°xa+gn’xa’
1+ gd® +2xsxgd —2xsxgdxa®+gd®xa®-2xgd®xa+a’ +2xa
a0=1

3 2-2xgd®xa’+4xgd®xa+2xa®-2xgd’ +4xa
1+ gd® +2xsxgd —2xsxgdxa®+gd®xa®-2xgd®xa+a’ +2xa

2_1—2><gd2><a+2><a+gd2—2><s><gd+a2+gd2><a2+2><s><gd><a2
1+ gd? +2xsxgd —2xsxgdxa®+gd*xa’ —2xgd®xa+a’ +2xa

Filter Coefficients
B = [b0 b1b2]
A=[a0 ala2]

1.5 Bass Shelf Filters
Filter Parameters
F. = Bass Shelf Corner frequency in Hz
Fs= Sample rate in Hz
G = Bass Shelf Gain in dB

Error Checking

Bi-quad filters realization on AIC Codecs
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Figure 5. Bass shelf filter magnitude response(F  .=500Hz,G=6dB)

Equation
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G
g=10%
s SIrt(2)
2
_r
=75
Ly
Q= F,
A=g
G = 20xlog10(A)
fG>-68&G<6
F = sort(A)
elseif A>1
A
sart(2)
else
F=Axsgrt(2)
end

HFz—li
gd =1 AZ_FZ
gn=sgrt(A) x gd

-l o)

—(—1—gn2xa2—a2—2x gn®xa—gn? —2xsx gn+2x Sx gnxa2+2><a)
2xsxgd+1-2xsxgdxa’+gd?xa®+2xgd®xa+a’+gd®—2xa

b0 =

—(2—4>< a—4xgn®xa-2xgn®xa’-2xgn® +2x a2)

bl = 2 2 .2 2 2 2
2xsxgd+1-2xsxgdxa®+gd°xa“+2xgd“xa+a“+gd°—2xa

_ 1+2xsxgnxa®—2xa+gn’ -2xsxgn+2xgn’xa+a’+gn’xa’
2xsxgd+1-2xsxgdxa?+gd?xa’+2xgd’xa+a’+gd?-2xa
a0=1

3 —2+2xgd®xa®+4xgd®xa-2xa’+2xgd® +4xa
2xsxgd+1-2xsxgdxa®+gd?xa’+2xgd’xa+a’+gd?-2xa

_gd*xa’-2xa+1+2xgd®xa—-2xsxgd+a’+2xsxgdxa’+gd?
2xsxgd+1-2xsxgdxa®+gd?xa’-2xgd’xa+a’+gd?-2xa

Filter Coefficients

Bi-quad filters realization on AIC Codecs
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1.6

12

B = [b0 blb2]
A=[a0ala2]

Second order Linkwitz Riley
Filter Parameters
Fs= Sample rate in Hz
F. = Cut frequency in Hz
HL=LR Filter type (high, low)
Error Checking
0<F, < Lxy

2

0<F, <192K
HL = (high,low)

Equation

Bi-quad filters realization on AIC Codecs
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1.7

we =2x7 xF,
if HL(L:3) =="low
Ba:[O 0 WCZ]
Aa=[1 2xwe we?]
else
Ba=[1 0 0]
Aa=[l 2xwc we?]
end
F

C

FC
tar(ﬁ X st
B = [Ba(1)x k? + Ba(3)+ Ba(2)x k2 Ba(l)x k? + 2x Ba(3)~Ba(2)x k + Ba(l)x k? + Ba(3)]
A=[Aa(l)x k? + Aa(3)+ Aa(2)x k,—2x Aa(1)x k? + 2x Aa(3)-Aa(2)x k + Aa(l)x k? + Aa(3)]

k=2xmx

Filter Coefficients

B
B:— :1)
A
A:— :1)

Second Order Variable Q Filter
Filter Parameters

Fs= Sample rate in Hz

F. = Cut frequency in Hz

HL=LR Filter type (high, low)

. WA
Q=Filter Q (sz + N st Wczj
Q
Error Checking

0<F <'s
2

0<F, <192K
HL = (high,low)
0<Q<100

Bi-quad filters realization on AIC Codecs
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Tain(dB)

14

Figure 7.

Equation

Frequency(Hz)

Second order variable Q filter(F  .=1200Hz,Q=1,HL=low)

Bi-quad filters realization on AIC Codecs
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1.8

1.9

1.10

wec=2x7xF,
if HL(1:3) =="low
Ba=[0 0 wc?]

Aaz{l we wcz}
Q

else
Ba=[1 0 0]
Aaz{l we wcz}
Q
end
F

C

FC
tar{ﬂ X FSJ
B = [Ba(1)x k? + Ba(3)+ Ba(2)x k2 Ba(l)x k? + 2x Ba(3)—Ba(2)x k + Ba(l)x k? + Ba(3)|
A=[Ra(1)x k? + Aa(3)+ Aa(2)x k-2x Aa(l)x k? + 2x Aa(3)—Aa(2)x k + Aa(l)x k? + Aa(3)]

k=2x7mx

Filter Coefficients

B
"
A A

AQ)

Second order Butterworth Filter from Variable Q

Second order Butterworth filter can be realized by usin g variable Q filter with Q = 0.707

Second order Bessel Filter from Variable Q

Second order Bessel filter can be realized by using vari able Q filter with Q = 0.5

First Order Butterworth Filters
Filter Parameters

Fs= Sample rate in Hz

F. = Cut frequency in Hz

HL=LR Filter type (high, low)
Error Checking

Bi-quad filters realization on AIC Codecs 15
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F
2

0<F, <

0<F, <192K

(high,low)

HL =

(ap)uren

—

erl.
e
=]
=]
]
=]
=2
[-E]
—

low)

1200Hz, HL=

c=

First order Butterworth(F

Figure 8.

Equation

Bi-quad filters realization on AIC Codecs
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2xmxF,

- ’{ﬁx ch
ta
FS
We =2x 7 x F,
If HL(1:3)="low

Wc

k +Wc
Wc

k +Wc

b0 =

else

_k

T k+We
k

T k+We

b0

end
~We-k
k +Wc

Filter Coefficients
B=[b0 bl 0]
A=[1 a1l 0]

1.11 Second order Chebychev
Filter Parameters
Fs=Sample rate in Hz
rip=Ripple specification in dB

typ=Filter type (high,low,stop)

Bi-quad filters realization on AIC Codecs
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if typ(1:3) == ‘sto’
F .=Stop band Input Lower and upper frequencies [f1,f2]

Else
Fc=Cutoff frequency in Hz
If Scale peak to 0dB
Nrm=1
If Scale PB to 0dB
Nrm =-1
if nrmz=1
rip=ripx-1
end
End
Error Checking
F
0< FC <=
2
0<F, <19
0<rip<10
Nrm=1-1

HL = (high, low, stop)

Bi-quad filters realization on AIC Codecs
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600Hz, typ=high, rip

=

Second order Chebychev (F

Figure 9.

Equation

If typ(1:3)=="st0’

€ HL)

2xF
F

Call chebyl(ord,rip,

else

oF s rip,HL)

Call soCHBI(F

End

HL)

oF s 1ip,

Function soCHBI(F

If sign(rip)>0

=1

Sf

Else

=0

Sf

End

19

Bi-quad filters realization on AIC Codecs
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R=|rip|
If R=
B=[100]
A=[100]
else
wec=2xmxF,
R
&=\10% -1
asin)—(lj
o= £
2
T
1=3x—
B 2
T
2=5x—
p X

sl = sinh(a)x cod A1)+ cosHa ) x sin( 1) x
s2 = sinh(a)x cog82) + cosHa ) x sin(82) x
a=real(sl+ s2)
b = real(slx s2)
c=Db
if of

c

N1+ g2

C=

end

if HL(1:3)=="low
Ba=[0 0 cxwc?]
Aa=[1 wexa bxwe?]

Else
Ba=F 0 o}
b
2
Aa=|1 W(:><E we
b b
End

Bi-quad filters realization on AIC Codecs
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End

F

C

FC
tar{ﬂ X st
B = [Ba(1)x k? + Ba(3)+ Ba(2)x k,—2x Ba(L) x k? + 2x Ba(3)—Ba(2)x k + Ba(1)x k? + Ba(3)]
A=[Aa(l)x k? + Aa(3)+ Aa(2)x k,-2x Aa(l)x k? + 2x Aa(3)-Aa(2)x k + Aa(l)x k? + Aa(3)]

k=2xmx

B
o
A A

Number representation format for filter coefficie nts

AIC codecs comes in two flavors. The “standard” version of the MiniDSP uses a 16 bit
coefficient and a 24 bit data word for miniDSP_A and 28 bit data word for miniDSP_D while the
“enhanced” version of the MiniDSP uses a 24 bit coefficie nt and a 32 bit data word. The
AIC3254 and AIC3204 are enhanced devices. The TSC2117, AIC36, AC3110, AIC3111, and
AIC3120 are standard devices.

All of the AIC codec devices use a 3.x data format (3.21 for the standard devices and 3.29 for
the enhanced devices). This permits only two magnitude bits of headroom for signals that are
greater then 1. To reduce the chance of clipping the si gnal in the AIC devices, the overall gain of
the filter is moderated by scaling the numerator valu e based upon the value of the b0 term.

The coefficient size in the AIC codec family is 16 bit 1. 15 format for the standard devices and a
24 bit 1.23 format for the enhanced AIC devices. With these formats the MiniDSP coefficients
are able to represent a maximum positive gain of 1-2 ** for a 16 bit coefficient and 1-2 2 for a 24
bit coefficient. When filter coefficients are computed f or an AIC codec, the gain of the filter
response is scaled to permit the values to be represented ina 1.23 or a 1.15 format.

Once we have computed the filter equations from above we then must perform a couple of steps
prior to loading the coefficients into the codec.

In the AIC codecs use a specific biquad implementation to accommodate the 1.15 and 1.23

coefficient data format.

y(n)=b, x x(n)+2xb, x x(n—=1)+ b, x x(n— 2)+ 2a, x y(n-1)+ a, x y(n—2)

Bi-quad filters realization on AIC Codecs 21



‘v’f TexASs
INSTRUMENTS

2.1

1.

2.

For format we first must scale the b terms by the b0 value. The b0, b1, and b2 terms are
multiplied by a scaling value to limit the overall ga in of the filter.

— If b0 is greater than 1, then the default value fo r the scaling value is 1/b0, otherwise it is
1

— The scaling factor is then applied to the b0, b1, and b2 terms of the filter.

— This default value is computed and displayed in a user modifiable field when the filter
coefficients are computed.

— The user is permitted to change this value to a smal ler value. However if they attempt it
set it to a larger value than the default scaling valu e then the value will snap to the
default scaling value.

Then both the numerator and denominator coefficie nts are scaled by a constant value

— If the coefficients are being computed for a “standa rd” device then
The b0, b1, b2, al, and a2 terms are multiplied by 2™ and rounded to integer
— If the coefficients are being computed for an “enhan ced” device then

The b0, b1, b2, a1, and a2 terms are multiplied by 2% and rounded to integer.
Then we scale the bl and al terms by 0.5.

Appendix A illustrates the generation of coefficients using the above procedure.

Filter coefficient normalization

Filter coefficient normalization is performed to limit the size of the coefficient values, as
described above, and to limit the maximum gain of the filter to avoid clipping.

There are two places where clipping can occur.

Internal signal levels and clipping

The miniDSP is able to internally represent a data va lue using a 3.29 or 3.21 format. This
permits signal levels as large as 12 dB to be represent ed. However, the intermediate gains
inside of a filter can be higher than the signal level s that are visible at the output of a
component. To account for this, filter gains are typi cally scaled to reserve part or all of this
12 dB as headroom for internal computations.

Output signal levels and clipping

The maximum signal level that can be output without cl ipping by the 12S output or the DAC
interpolator is a data value represented as a by a 1. 29 or 1.21 value (0.99 and -1.0). This
corresponds to a signal level of 0 dB.

Coefficient scaling can be used to avoid clipping during internal operations and when the signal is sent
to the 1S or interpolator outputs.

22

Bi-quad filters realization on AIC Codecs



‘w’? TeExAS
INSTRUMENTS

For example, we wish to use an EQ filter that has a ga in of 15 dB at 500 Hz. This filter response is
shown as the blue curve in Figure 10. To avoid overf low for our internal representation, we
normalized the filter coefficients so that the signal th at is output does not exceed 5 dB. In this
example, the filter gain is scaled by 10 dB (multipl ying the coefficients by 0.316227766). The scaled
filter response is shown by the red curve in Figure 10.

Similarly to avoid clipping when the signal was output , the filter gain should be scaled so that it does
not exceed 0 dB. In this example, the filter gain is scaled by 15 dB (multiplying the coefficients by
0.177827941).. This is shown by the green curve in Fig ure 10.

Figure 10. Normalizing filter response

3  Updating the codec filter coefficients

A host controller needs to provide the filter coeffici ent values over 12C to the AIC codecs. On the
controller, the coefficient values need to be pre comput ed and stored in a table. The host
controller will read the values from the table and do wnload the coefficient values in a sequence
that starts at the current biquad filter setting to th e desired new value when an update is
requested. The change of gains must be in increments/de crements of ¥ dB to avoid pops and
clicks. For instance, if an EQ filter at 200Hz needs to b e operated between ranges of -8dB to
8dB, the host controller needs to maintain a table of b0, b1, b2, al and a2 terms through -8db, -
7.75dB, -7.5dB... 7dB, 7.25dB, 7.5dB, 7.75dB, 8dB.

Bi-quad filters realization on AIC Codecs 23
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Table 1. EQ Filter coefficients table in host contr oller for “enhanced” codecs

b0 bl b0 al a2
-8dB Ox7F5119 0x812FC5 OX7E69BC 0x7EDO3B 0x82452A
-7.75dB
-7.5dB
-7.25dB
0dB OX7FFFFF 0 0 0 0
7.5dB
7.75dB
8dB 0Ox7F6664 0Ox81C7F3 0x7D23F5 OX7F7E70 0Ox80E89C

Bi-quad filters realization on AIC Codecs
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Appendix A. Biquad coefficients computation example

This appendix illustrates the computation biquad coeffici ents and converting them into format
required to load in AIC codecs.

1. Filter Specification: EQ filter with F. = 5000 Hz, Gain = 6dB and Q=2.87 (BW=1742Hz) on
AIC3254.

Applying the equations in section 1.2 we get the biquad coefficients as
b0=1.0338174895486
bl=-1.8541339878212
b2 =0.89822579031722
al=1.8541339878212
a2=-0.93204359986584

Before writing these coefficients to codec memory, couple of normalization steps must be
performed based on their values according to section 2.

. - 1
2. Since b0 > 1, we need to scale the numerator coeffici ents by scale factor E

b0 =0.9924645238891601625
bl=-1.7799682471875
b2=0.8622965826831054875

3. Scale the bl and al by 0.5.
b0 =0.9924645238891601625
b1=-0.889984B80859375
b2=0.8622965826831054875
al=0.9270669939106
a2=-0.93204359986584
4. Since the coefficients are to be computed for ‘enhance d’ device, we need to scale it by 2% and

rounded to nearest integer. Hence the final coefficient hexadecimal values that has to be loaded
onto the AIC3254 are

b0 =0x7F0914
b1= 0x8E1500
b2= 0x6E5FBC
al= 0x76AA20
a2=0x88B2D1

Bi-quad filters realization on AIC Codecs
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