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AUDIO EQUALIZERS
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EQUALIZER FREQUENCY RESPONSES
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DESIGN AND IMPLEMENTATION OF SHELVING AND PEAK FILTERS
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LP. HP, AND BP FILTERS
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LP. HP, AND BP FILTERS
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LP. HP, AND BP FILTERS
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FIRST-ORDER ALL-PASS FILTERS
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SECOND-ORDER ALL-PASS FILTERS
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ALL-PASS FILTERS
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FIRST-ORDER LP WITH AP
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FIRST-ORDER HP WITH AP
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SECOND-ORDER BP WITH AP
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LP. HP. AND BP WITH AP
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DESIGN AND IMPLEMENTATION OF SHELVING AND PEAK FILTERS

¢ Introduction

e Basics

- LP, HP, and BP Filters with All-passes

« Shelving and Peak Filters with All-passes

- Filter Design for Shelving and Peak Filters

e Applications



BASICS - SHELVING AND PEAK FILTERS WITH AP

17

SHELVING AND PEAK FILTERS WITH AP
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FIRST-ORDER FILTERS

x(n-1)

y(n)

y(n-1)

y(n)=by-x(n)+b;-x(n—-1)—a; - y(n-1).
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FIRST-ORDER FILTERS

First-order All-pass

x(n-1)

T x(n) q0-1)

T

y(n) y(n)

y(n-1) y(n-1)

y(n)=by-x(n)+b;-x(n-1)—a;-y(n-1).
y(n)=x(n)*h,p(n)=a-x(n)+x(n—-1)—a-y(n-1),
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SECOND-ORDER FILTERS

| x(n-1) | X(n-2)

y(n)

y(n-2) y(n-1)

y(n)=by-x(n)+b;-x(n-1)+b,-x(n-2)—-a;-y(n-1)—a, -y(n-2).
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SECOND-ORDER FILTERS

x(n-1)

y(n-2)
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DESIGN AND IMPLEMENTATION OF SHELVING AND PEAK FILTERS

¢ Introduction

e Basics

- LP, HP, and BP Filters with All-passes

- Shelving and Peak Filters with All-passes

» Filter Design for Shelving and Peak Filters

e Applications
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FILTER DESIGN — LF SHELVING FILTER
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FILTER DESIGN — HF SHELVING FILTER
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FILTER DESIGN — PEAK FILTER

1‘[(’3) =1+ %[l A2(z)] Az(Z) ~a—b(l+ajzT 4z
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e All-pass realization of » Parametric filter
shelving and peak structures

filters ,
« Dynamic control of all

o Flexible adaption of filter parameters
gain, bandwidth, cut-
off frequency in real-
time

« Extension to higher-
order shelving and peak
(see references)

e Adaptive equalizers
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NONRECURSIVE EQUALIZERS

OUTLINE

» Fast Convolution
» Fast Convolution of Long Sequences

> Filter Design by Frequency Sampling

x(n) T x(n-1) T X(n-2) T | x(n-N+1)
Q'()bo by b, by.2 b1
+)y— ) + + y(n),
FIR: N Mul/sample

Fast Convolution: (2*2N*Id(2N)+2N)/2N=2*Id(2N)+1 Mul/sample
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FAST CONVOLUTION

.

x(n) O——» h(n) —0 y(n)=x(n)*h(n)
X(k) H(k) Y (k)=X(k)-H(k)
< N >
«N,—
h(n) 0 —> N-FFT  —» H(k)
<«~N,—>
x(n) 0 —> N-FFT  — X(k)
< N=N;+N,-1» | '

y(n)=x(n)=h(n)

< y(n)=IFFT[X(k)-H(k)]



DFT AND IDFT

DFT Algorithm X(k) = ZT YWk = DFTy[z(n)]
n=0
Wy = e 927/N
| N
IDFT Algorithm z(n) = ~ X (k)W ™
k=0
Without scaling factor 1/N Symmetrical DFT/IDFT algorithms
N -1 1 N—
X (k)W X'(k) = —Z Wi
k=0 \/_ n=>0
=
rn - yr— X, k ‘/V_nk

7~
|
=



IDFT BY DFT

Exchange of real and z(n) = an)+j-bn)
imaginary part by conjugation

and multiplication by j jrat(n) = b(n)+j-a(n)
Conjugation of IDFT
N-1 N-1
z'(n) =Y X(kyWy™ ()= X* (k)W
k=0 k=0
N—1
Multiplication by j jrxT(n)= Z i X* (k)W
k=0

Conjugation and multiplication by j z'(n) =7 [Z g X (k)WRh



FC WITH IDFT BY DFT

= N e
<—N2—>

h(n) 0

- N-FFT = H(k)

— N-FFT »X(k)T
\J

y(n)=x(n)"h(n) | <

<«N;—>»

x(n) 0

Exchange real and
imaginary part of Y(k)

Perform DFT of Y (k)
+jYr(k)

Exchange real and
imaginary part of x(n)

y(n)=IFFT[X(K)-H(k)]

Fast Convolution
y(n)=x(n)*h(n) 0—0O Y(K)=X(k)H(k)

Y(k) = Yi(k) + jYr(K)

DFT[Y (k)] = yi(n) + jyr(n)

y(n) =yr(n) + jyi(n)



FAST CONVOLUTION OF LONG INPUT SEQUENCES

PARTITIONING OF LONG INPUT SEQUENCES

X4(N) X5(N) X3(N)
M -1

y(n) = > h(k)z(n—k)
k=0
M

—1 00
Convolution sum with short
= kz: h(k) Z:l Tm(n — k) input sequence x_(n)
=0 m=

oo [M-1
= ) !S: h(k)x pm(n — k)] Sum over partioned

m=1 [ k=0 convolution sums y_(n)

m = { T hE®ean—k)  (m-DL<n<mL+M-2
o - 0 sonst

o0

y(n) = Z Ym(n) Sum all convolution sums y,.(n)
m=1



OVERLAP AND ADD

XI+1(n)

XI+2(n)

yi(n)=x,(n) * h(n)

_|_

Sum sample by sample

Yi+1(N)=X,4(n) * h(n)

_|_

y|+2(n)= X|+2(n) * h(n)

y(n)
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PARTITIONING OF LONG IMPULSE RESPONSES

Partitioning of impulse response of length M into P smaller parts

M — 1M M _
ho(n = (p=1)75) = { hm)  p-Dp <n<pp-1
= M
h(n) = 3 hyn = (p= 1)) | [ha(@)]ho(n) [o(n) st
oo M-—1
y(n) = Z[Z h(k)xm(n — k)]
m=1 k=0
Yo ()
oo M;—1
= Y[Y h(k)xm(n —k) + Z h(k)x,(n —k) +
m=1 k=0 k=M,
M—1

k=

+ Z h(k)x,(n — k)] .

-1



FAST CONVOLUTION FOR LONG IMPULSE RESPONSES

PARTITIONING OF LONG IMPULSE RESPONSES + OLA

oo Mp—1 M, -1

= > [ mE)zmn—k)+ > ho(k)zm(n — My — k)

m=1 k=0 k=0 % J
11;:1 y:,:2

M, -1
+ Y ha(k)zm(n —2M; — k)
k=0

e

N

Ym3
M, -1

oot Y hp(k)zm(n — (P —1)M; — k)]
k=0

N e
"

Ymp

Z [yml + me(n ) + ...+ ymP(n - (P - 1)]\/—[Il]

Y m‘Z")
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PARTITIONING OF LONG IMPULSE RESPONSES P=4

oo Mip—1
yn) = > [y hi(k)zmn —k)+ Z ho(k)zm(n — My — k)
m=1 k—O
y:1 y:2
My, —1 M, -1
+ Y ha(B)zm(n —2My — k) + Y ha(k)zm(n — 3M; — k)]
\k=0 P \k=0 P
y::s y:;;

Z[ym(n ) + Yma(n = M) + yms(n = 2M1) +yma(n — 33))

ym(n)
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PARTITIONING OF LONG IMPULSE RESPONSES P=4

h,(n)

h,(n)

h;(n)

h,(n)

x1 x2 x3 x4 x5 x6
x1*h1
x1*h2
x1*h3
. x1*h4
x2*h1 i
x2*h2
x2*h3
, x2*h4
x3*h1 i
x3*h2
x3*h3
_ x3*h4
x4*h1 i
x4*h2
x4*h3
! x4*h4
x5*h1
x5*h2
5*h3
I x5*h4
x6*h1
yl | y2 | y3 | ¥4 | ¥ | y6
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EFFICIENT FAST CONVOLUTION

| | |
N B A ! ! !

1=0
c) d)
x(n) y(n) x(n) y(n)

o—eo—» HO(Z) —>¢—0 oO—eo—>» HO(Z) -
1z N
——> Hq(2) -4 —> Hq(2) ——>¢

-N
Yz -2N
T—b H2(Z) —>? T—» H2(Z) —>—th
1 | 1 |
I _-N -M-1)N
z z

T— HM-1 (Z) J \—b HM-1 (Z) —b—l




EFFICIENT FAST CONVOLUTION

a) b) < e N e N
x(n) y(n) . ' |
o—» H(z) o T T -
| | n
| I
M=1
Hz=Y z'VH().
1=0
e) f)
x(n) Ho(2) -t Y(nz) x(n) Ho(2) ?

FFT
Hi(k)
IFFT

N
= ||+
Eéu——»—>x

w || = || v

FFT
IFFT
NA
5
Z

15



ZERO-DELAY FAST CONVOLUTION

Time domain convolution for h, and
fast convolution for h, g

2N N N 2N 4N 4N 4N
ho 1| h2 h3 hy hs he
(0.4N) (4N,4N) (8N,4N)
(0.4N) (4N,4N) (8N,4N)
(0.2N) (2N,2N) (4N,2N) (6N,2N) (8N,2N) (10N,2N) (12N,2N)
(0,2N) (2N,2N) (4N,2N) (6N,2N) (8N,2N) (10N,2N) (12N,2N)
ON) | (NN) | @NNY | BNN) | (ANN) | (BNUN) | (6NN | (7NN) [ (8NINY | (ONLN) [(1ON,N)| (11N,N) | (12N,N)[ (13N, N)| (14N, N)
ON) | (NN) | @NNY | BNN) | (@NN) | (BNON) | (8NN | (7NN) | (8NINY | (ONLN) [(1ON,N)| (11N,N) | (12N,N)[ (13N,N)f (14N,N)

N

2N 3N 4N GOSN ©6N 7N 8N 9N 10N 11N 12N 13N 14N 15N 16N

16



FILTER DESIGN WITH LINEAR PHASE
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FILTER DESIGN BY FREQUENCY SAMPLING

H(e79?) = |H(e72) |72 with p(Q) = —k - Q

Frequency Response : oy i Np—1 :
of Linear Phase Filter H(e’®) = Ho(e™)e™ /N filter length
Frequency Sampling o jomk ) N B Np
of the Magnitude [H(e™)] = Ho(e ) k=01, 2 .
A L= Ho®)
\J\/\/\ = i
0 n L =777
| | | L
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FILTER DESIGN BY FREQUENCY SAMPLING

Q) DSLECT N R ith k=0,1,..,Np—1
H(e’?) = Hy(e?)e 7177 A~ Np wi 0,1,..., Ng
Frequency Sampling ) ot /N Np
of the Magnitude [H(e!?)| = Ho(e??™/ ) k=0,1,.., S 1
Linear Phase itk _  -i2n~h—g=  Np filter length
Constraint o Ny —1 k) (o Np—1 k)

- T Ny TN,
Np
k=0,1,.., — -1
07 b bl 2
N
Real Impulse ) = g (Np — k) k=0,1,..~% 1

Response

_ &) — 0 Condition for even N length

H(k .
2 impulse response



FILTER DESIGN WITH LINEAR PHASE
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FREQUENCY SAMPLING - EXAMPLE

M agnitude |H{k)| Re{H(k)}
|
| | |
0.5F I 0+ ‘ | | ‘
0 ‘ ‘
Ak
0 5 0 5
k k
| Impulse response hin) Im {H{(k)}
l —
0.5F - ‘ ‘ |
0D+ ‘ ‘ =
U ‘
1k
0 5 0 5
k-

h(n) = IDFT{H(k)} = IDFT{Hp(k) + jH(k)}



NONRECURSIVE EQUALIZERS
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COMPUTATIONAL COMPLEXITY

x(n) x(n-1) x(n-2) Xx(n-N+1)
O—e—»

T H—e—>» T |—o— - —e—» T

Q'()bo <>'<>b1 X)b; X)Pn.2 b1

FIR: N Mul/sample
Fast Convolution: (2*2N*Id(2N)+2N)/2N=2*Id(2N)+1 Mul/sample

FIR (N=1024): 1024 Mul/sample
Fast Convolution (N=1024): 23 Mul/sample
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