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Problem statement

Equalization of high-order systems, e.g., 

loudspeaker-room response

Direct inversion has problems:

- parameter sensitivity (e.g., position)

- amplifier/driver overload

- computational complexity
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Traditionally: magnitude smoothing (e.g. third 

octave) for displaying transfer functions

Complex smoothing also possible

- impulse response can be computed

- phase can also be equalized
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FIR EQ examples

Time-domain EQ design based on the 
smoothed room response
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IIR EQ examples

The high pole

density required by

log. frequency resolution

cannot be realized with

direct form IIR filters

(weighting does not help) 10 2 10 3 10 4
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Time-domain EQ design based on the 
smoothed room response



Log. frequency resolution
filter design methods

Series or parallel sections + tricky design!

Examples:

- parametric EQs (automatic)

- warped filters

- Kautz filters

- fixed-pole parallel filters
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Automatic calibration of parametric EQs

For each section:

- center frequency

- Q factor

- gain

Properties:

+ intuitive parameters: easy to change them manually

- only 3 free parameters/section instead of 4 of a biquad

- magnitude-only (minimum-phase) EQ

- nonlinear optimization needed (no closed from solution)

8



Frequency warped filter design

Unit delays in traditional FIR or IIR filters are 
replaced by a first-order allpass filter
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Implementation of warped FIR filters
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Warped filter design
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Design an FIR or IIR filter based on the prewarped response

Implement the filter with allpasses instead of the unit delays
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Warped filter properties

+ Traditional FIR and IIR filter design

techniques are used after prewarping

- Relatively complicated filter structure

- Less flexible allocation of the
frequency resolution due to the single
warping parameter 

Improvements:

- Dewarping to series biquads

- Dual band warping (separate    for
low and high freq.)

- Custom warping (truly logarithmic
warping profile)


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Dual-band warping Total filter order is N=20
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Warped IIR equalization (N=40)

original (unequalized)

single band warping

dual band warping

custom warping
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Extension to warped FIR filters
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Could we have different    values for each section?



Kautz filters
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Can be seen as the generalization of warped FIR filters
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Implementation of Kautz filters
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6 multiplications and 8 additions per second-order section

Figure by Paatero and Karjalainen (2003)
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Parallel second-order filters

Benefits:

- better numerical properties

- possibility for code parallelization
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Usual steps:

1. Design a high-order IIR filter
2. Convert to parallel form
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Fixed-pole design of parallel filters

free parameters

fixed basis functions optional FIR part

Linear-in-parameter model 

with exponentially decaying 
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Filter structure

Input
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Kautz and parallel filter example

102 103 104

Frequency [Hz]

-60

-50

-40

-30

-20

-10

0

10

M
a
g

n
it

u
de

[d
B

]
Kautz filter

fixed-pole parallel filter

sixth-octave smoothing

Pole frequencies



22

Responses of the second-order sections
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The effect of pole frequencies
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higher pole density
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poles only in a 
limited region
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two different densities
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Pole positioning strategies

Predetermined (manual) pole positioning

- logarithmic

- stepwise logarithmic

- arbitrary

Automatic pole positioning based on the ripple density

Warped IIR design based

- simple warping

- dual-band

- custom warping

Very simple, user control
Works also with 
unsmoothed responses 

Needs manual intervention

Automatic, simple

Mathematically not optimal

Most accurate results

Bit more complicated
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Pole positioning comparison (N=40)
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Quantization noise in third-octave bands

float noise floor

Output signal

WIIR direct

WIIR -> series SOS

Parallel filter

Single precision floating 
point (float) 
implementation

Filters excited with pink 
noise

Parallel filter has the 
lowest noise
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Relations

Warped
FIR

Kautz
filter

Generalization
different    -s

parallel
filter

Orthogonalization
(mat. equivalent)

Warped
IIR

Warping based poles:
same response
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Practical differences

Warped
FIR/IIR

Kautz
filter

parallel
filter

1. Warp f. resp.
2. Normal FIR/IIR
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MIMO equalization example

Spherical louspeaker at IEM, Graz

20 independently driven loudspeaker 

elements 

Significant crosstalk due to acoustic 

coupling
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MIMO equalization example
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MIMO equalization example
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256 tap FIR filter 16 second-order IIR 
sections

1/4 as much
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Conclusion
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Already the simplest methods are much better than normal FIR and IIR filters 

(savings in the order of 10)

- Warped FIR filter

- Parallel filter with manual (log.) poles

More sophisticated warping-based methods

- dual-band warping

- custom warping

provide the best performance,

can be implemented as

- warped IIR (special struct. or dewarped SOS)

- fixed-pole parallel filter: better quant. noise, code parallelization



Questions?
bank@mit.bme.hu

Thank you!

Kautz: http://www.acoustics.hut.fi/software/kautz/kautz.htm

Warped: http://www.acoustics.hut.fi/software/warp/

Parallel: http://www.mit.bme.hu/~bank/parfilt

MATLAB code:
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