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Perceptually Motivated Audio Equalization
Using Fixed-Pole Parallel Second-Order Filters

Balazs Bank

Abstract—In audio, equalizer design should take into account these can meet the goal of logarithmic frequency resolution
tE_e frequency lfers]ogﬂtl)on r?f }_he daUdlltoré/ S}'Ste”;- In tlflﬂsl palﬂaﬂ Linear frequency resolution is inherent in FIR filters, artules
this I1s accomplishe y the fixed-pole design of parallel send- IR filter Id hav heoreticallv higher | nsi
order filters. The design process has two steps: first, the pes of f te S.cout(:] al €a .ttheo. etfca yhighe pc; N .de S t%f.::b ¢
the filter are set according to the desired frequency resolubn. requencies, the 996‘” mic irequency scge IS S_O r.
Then, the feedforward coefficients of the second-order filts are  compared to the linear scale that even weighted filter design
determined by a linear least squares solution. The proposed cannot give satisfactory results [8].
parallel filter achieves effectively the same equalizatiomesults Parametric equalizers, in which the center frequery,
ZZJirt]i%n}éaUtz filter, but requires 33% fewer multiplications and value, and gain of the sections are set manually, are com-

' o _ o monly used for the magnitude equalization of audio systems.

Index Terms—audio signal processing, IIR digital filters, room  Aytomatic parameterization of parametric equalizers b

response equalization. successfully demonstrated in [3] and [6], using nonlinear
parameter estimation algorithms.
|. INTRODUCTION The most widely used method for achieving a perceptually

UDIO equalization using digital signal processorE”'OtiV_ated frequency resolution is the application Qf frexcy
A (DSPs) has been a subject of research for more than t#8PINY (Sef’f €.g., [2], [8], [9], [10]). In warped filtersah
decades. It generally means the correction of the magnitddt delayz"—" of the traditional FIR or IIR filters is replaced
(and sometimes the phase) response of an audio chain. Typida @ first-order allpass filter. Comparison of FIR, 1IR, and
examples include loudspeaker equalization based on aitect¥rped filter equalization of loudspeakers is given in [2],
measurements [1], [2], [3], or the correction of IoudspeakeShO‘_N_'”g that lower filter orders can be u_sed_ comp_ared to
room response [4], [5], [6], [7]. Because the systems H‘)admonal_ structures, when frequency warping is applied
be equalized are generally of significantly higher ordentha Kautz filters can be seen as the generalization of warped
what is practical for an equalizer implementation, only thE/R filters, where the allpass filters in the chain are not
overall response of the system can be corrected. This oveldgntical [11], [12]. As a result, the frequency resolution
correction should be driven by perceptual principles [5jr F ¢@n be allocated arpltrarl_ly by _the choice of the filter poles
example, typically the logarithmic frequency scale is uged 1he Kautz structure is a linear-in-parameter model, whieee t
audio engineering and a fractional-octave (e.g., thirdue) basis functions are the orthonormalized versions of decayi
smoothed magnitude response is used to estimate percefdgenentials [11], [12]. For audio applications, signifiti
timbre. lower order Kautz filters are sufficient compared to tradisbo

Another reason for logarithmic (or logarithmic-like) fre_II_R filter designs. Howev_er, th_e savings in_ filter order do not
quency resolution is that an audio system often has multif¥ectly translate to savings in computational cost, beeau
outputs, like multiple listening positions on a sofa. Tiens Kautz filters require a complicated series-parallel streeefor
functions measured at different positions in space haveemdpeir implementation. _ _
similarity at low frequencies than at high frequencies, tue  Recently, a fixed-pole design method has been introduced
the different wavelengths of sound. Therefore, higherleso for parallel second-order filters, for the application oftimi-
tion is required at the lower end of the spectrum compared T£nt body modeling [13]. It has been shown that effectively
the upper one. An overly precise correction at high freqiﬂmcthe same results can be a_chleved by the parallel fllters &s wit
for one measurement position usually worsens the respans&@utz filters for the same filter order, without the disadweaet
other points in space [5]. of a complicated filter structure. This letter presents the

A straightforward choice for equalizer design is the us@PPlication of the method for audio equalization and pregos
of standard finite impulse response (FIR) or infinite impuls@ téchnique for designing the parallel equalizer from the

response (IIR) design algorithms. Unfortunately, neitoér measured system response and desired target responslydirec
without inverting the system response. An illustrativerapée
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are usually determined from direct form IIR filters by pdrtia I “’
fraction expansion [14]. M a+a,z? S
Here the poles are set to a predetermined (e.g., logarith-  input| : Outpyt
mic) frequency scale, leaving the zeros as free parameters 1
for optimization. In the case of modeling a desired impulse T rauz' a7

response, the parallel filter uses the outputs of the second-
order sections (exponentially decaying sinusoidal fuums) as
basis functions of a linear-in-parameter model. For egaali
design, the measured system response is filtered by thedsecon
order sections, and these signals are the basis functions of
the linear-in-parameter model. Thus, the parameter eBtima rig. 1. Structure of the parallel second-order filter.
can be done by a simple LS algorithm, similar to what was

suggested for Kautz filters [12].

il N(_)te that fixed—p105le LIR filcers ?rﬁ (_)f:en ussld in adapiive In general, the pole set does not have to be strictly logarith
lltering (see, e.g., [15]) because of their favorable cogeace mic, but can also focus on specific frequencies by increasing

properties. Instead, in this letter the motivation for fiyithe o 516 density in that region, which will be utilized in Sieo
poles is to control the frequency resolution of the design. m

Optional
FIR part

A. Problem formulation

Every transfer function of the fornf (2~!) = B(z71)/
A(z71) can be rewritten in the form of partial fractions:

B. Filter design

First, we investigate how the parameters of the parallekfilt

can be estimated to match a desired filter response. Because

P M ; ; :
1 the poles of the IIR filter are predefined, (2) becomes linear
—1 —-n
H(z7") = E S pp— + § :bmz (1) in its free parameterdy o, di.1, andb,,, which can already

=t m=0 _ ~ be estimated in the frequency domain.

wherep; are the poles, either real valued or forming conjugate However, it is simpler to find the coefficients in the time

pairs, if the system has a real impulse response. The secgaéhain. The impulse response of the parallel filter is given b

sum in (1) is the FIR filter part of ordel/. Note that in the X Ny

((:f)se of pole multiplicity, terms of higher order also appiear h(n) = deyouk(n)erkyluk(nle Z bnd(n—m) (5)
The resulting filter can be implemented directly as in (1), k=1 _ _ _

forming parallel first-order complex filters, and the estiima Whereux(n) is the impulse response of the transfer function

—1 —2 . . . .
of the parameters can be carried out as described in [151.(1“_%712 +ak,227"), which is an exponentially decaying
However, it is more practical to combine the complex pof@inuseidal function, and(n) is the discrete unit impulse.
pairs to a common denominator. This results in second-Naturally, (5) is linear in parameters, similar to its z-
order sections with real valued coefficients, which can BERNSform counterpart (2). Writing (5) in matrix form yield
implemented more efficiently. Those fractions of (1) thatéha h = Mp (6)
real poles can be combined with other real poles to form

. . . . — T ;
second-order IIR filters, yielding a canonical structurbug, Wherep = [dio,d11,...dk0,dk1, bo...by]" is a column
the transfer function becomes vector composed of the free parameters. The rows of the

K ) M modeling signal matri®M contain the modeling signals, which
(-1 = dr,o +draz b »—n (2) areuy(n) and their delayed counterparig(n — 1), and for
(2 )_ E 1 1 — T § m< (2) i . .
ooy LT akazT ak2z the FIR part, the unitimpuls&n) and its delayed versions up

— I — T ;
where K is the number of second order sections. The filté? 0(n—M). Finally, h = [_h(O)_. - h(N)]" is a column vector
. . L composed of the resulting impulse response. The problem
structure is depicted in Fig. 1.

The poles of the second-order sections can be determigfguces to finding the optimal parametass,; such that

by any method suggested for the case of Kautz filters [1 r?c:t%\cj[r? |Osp tefalﬂgfeedsﬁrrihtngggest rjzfeosnggngethg]: rtgozimum
Positioning the poles logarithmically is particularly @idefor 9 ' P

audio equalizers, is found by the well known LS solution

m=0

m=0

J 2 fi - Popt = (MAM) "M h, 7
p = —=

s ‘ whereM* is the conjugate transpose M.
T R'ﬁk/ﬂ'eij'ﬁk (4)

whered,, are the pole frequencies in radians determined by tfre Direct equalizer design

logarithmic frequency serieg, and the sampling frequency Equalizing a system (such as a loudspeaker) by the parallel
fs. The pole radii form an exponentially damped sequenfi#der can be done by inverting the system response and
approximating constar@® resolution. The pole radius gt/2 designing the parallel filter as outlined in the previougisec

is set by the damping parametBr[12]. This section proposes a method for designing the equalizer
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directly without inverting the system response. This sifigd dips are compensated by sharp peaks [see Fig. 2 (e)], which
the design significantly, and avoids many problems pregdenteads to poor off-axis performance and audible ringing. &dor
by the inversion of the measured transfer function. Thecbasiver, dewarping to second-order sections can be numericall
idea of the method described here is similar to that used fanstable when such high resonances are present (i.e., poles
Kautz filters [12]. are too close to the unit circle).

Designing an equalizer requires that the resulting resppons Figure 3 (a) shows the equalization of the same
h(n), which is the convolution of the equalizer responseudspeaker-room response by a 50th-order WFIR filter de-
heq(n) and the system respondg(n), is close to the target signed with A = 0.75, then dewarped [10]. This results
responseh:(n) (which can be a unit impulse, for example)in a 50th-order cascade IIR filter having 50 equal poles at
In our case, this means that the input of the parallel filter js= A = 0.75. The on-axis equalization is similar to the WIIR
the system respongg(n) and its outputi(n) should match case. However, the WFIR equalizer produces better off-axis
the target responsk;(n). The output of the parallel filter is behavior compared to its WIIR counterpart due to its smaothe

computed as response displayed in Fig. 3 (d), and can be dewarped without
numerical problems.
h(n) = heq(n) * hs(n) = Fig. 3 (b) shows the room response equalized by a 50th
K order Kautz filter, which provides a flat room response when
de,ouk(n) * hs(n) + dg1ug(n — 1) * hs(n)+ third-octave smoothed. The proposed parallel equaliziexgus
k=1 the same pole set produces the same result as the Kautz
M filter, as displayed in Fig. 3 (c). This equivalence is clgarl
Z bnd(n —m) * hs(n) = observed by comparing the magnitude responses of the Kautz
m=0 and parallel equalizers in Fig. 3 (e) and (f).

K M The logarithmically positioned poles of the Kautz and par-
> diosk(n) + diask(n = 1)+ > bmhs(n=m) (8)  ayief fiters (displayed by vertical lines in the bottom ofFB)
=l m=0 were chosen to have higher density at low frequencies, to
where « denotes convolution. The signak(n) = ux(n) * focus on the more problematic region of the transfer fumctio
hs(n) is the system responge(n) filtered by1/(1+ax127 '+  This demonstrates that the resolution of the equalization i
ak,22~?). It can be seen that (8) has the same structure as &ntrolled by the pole density, as can be observed in Fig. 3
Therefore, the parameteds,o, dx,1, andb,, can be estimated (e) and (f). Since the two methods inherently provide a stnoot
in the same way as presented in the previous section. Siynilagqualizer response, the narrow dips of the system respoase a
writing this in a matrix form yields not equalized, providing better off-axis performance.
h = Mgp © .I_n this example, the FIR part of thg parallel filter is not
utilized. The FIR part has been applied to non-minumum-
where the rows of the new signal modeling matdd., phase filter design in [13], and can be used for joint mageitud
containsg(n), sg(n — 1), and the system responag(n) and and phase equalization, producing results similar to Ktz
its delayed versions up ths(n — M). Then, the optimal set with poles placed on the origin [12].
of parameters is again obtained by In summary, for the same filter order the parallel filter
H —IngH achieves better results than IIR, WFIR, and WIIR filters
Popt = (MggMeq) ™ Mcghy. (10) designed by the Steiglitz-McBride method. Furthermore, th
parallel filter yields the same equalization as the Kauterfilt
Ill. DESIGN EXAMPLE AND COMPARISON This is expected because the Kautz filter uses the orthonor-
Figure 2 (a) displays the magnitude response of a twmialized version of the basis functions of the parallel filter
way floor-standing loudspeaker measured at 2 m distancethws, the basis functions of the two methods span the same
a normal living room. The minimum-phase version of th@pproximation space.
measured loudspeaker-room response is used as a systelim contrast to the Kautz filter, the structure of the parallel
responseis(n) and the targehy(s) is a unit impulse filtered filter has to be extended in the presence of pole multiplicity
by a fourth-order high-pass filter with a cutoff frequency ofdditionally, the non-orthonormality of the basis funetscan
30 Hz. make the parameter estimation more sensitive numerically.
As expected, the 50th-order IR equalization presented fitowever, pole multiplicity is avoided because the poles are
Fig. 2 (b) corrects the high-frequency anomalies only due st by the user, and the LS parameter estimation seems to be
its linear frequency resolution. Fig. 2 (c) shows a warpg@bust even for higher filter orders (see [13] for examples).
IIR (WIIR) filter estimated by using a warping paramete©n the other hand, by giving up the orthonormality of the
A = 0.75. The filter has been “dewarped” to a cascade ®fasis functions, the number of multiplications and addgi¢s
second-order |IR filters for efficientimplementation, asein reduced by 33% (see Table I). Additional benefits are expecte
[10] for WFIR filters. With the WIIR filter, the low frequencie due to the potential of full code parallelization.
are still poorly equalized. By choosing highgrvalues, the
accuracy could be increased at low frequencies, but high- IV. CONCLUSION
frequency accuracy would be reduced. A major problem of This letter has presented a fixed-pole design method for
the WIIR equalizer is that some of the otherwise inaudiblgarallel second-order filters as applied to perceptually mo
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IR,
Steiglitz—McBride method, better results are achievedttier
same filter order. An in-depth comparison of parallel filtéthw

4
Multiplications  Additions

Kautz filter 3N +2 3N +1

Parallel filter 2N +1 2N
TABLE |

NUMBER OF MULTIPLICATIONS AND ADDITIONS REQUIRED FOR FILTER

ORDERN.

warped FIR, and warped IIR filters estimated by the

Kautz filter and other filter-design techniques is left fo

future research. Matlab code for the parallel filter is alal#
at: http://www.acoustics.hut.fi/go/spl08-parfilt.
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Fig. 2. Minimum-phase room response equalization: (a) uakzed
loudspeaker-room response, (b) equalized by a 50th-otRéilter estimated
by MATLAB's Steiglitz—McBride method in system identifitab mode, and
(c) by a 50th-order WIIR filter estimated by the Steiglitz-BAle method in
the warped domain. The magnitude responses of the eqsabizempresented
by (d) for the IIR filter and (e) for the WIIR filter. In (a)—(c)he dashed lines
show third-octave smoothed versions offset by 3 dB for tlari
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Fig. 3. Minimum-phase room response equalization for theesaystem as
for Fig. 2. Room response (a) equalized by a 50th-order wiafi® filter
estimated by the Steiglitz—McBride method, (b) equalizgdab50th-order
Kautz filter, and (c) equalized by a 50th-order parallel ffilfEhe magnitude
responses of the equalizers are presented by (d) for the WlEeR (e) for
the Kautz filter, and (f) for the parallel filter. In (a)—(chet dashed lines show
third-octave smoothed versions offset by 3 dB for claritiyeole frequencies [11]
of the Kautz and parallel filters are displayed by verticak$ in the bottom

of the figure.

(20]

[12]

tivated audio equalizer design. The design steps are simila
to those of Kautz equalizers: first, the pole set is deterching=3l
according to the desired frequency resolution, then thglei
(zeros) of the filter are found by a closed-form LS expression
from the system response and target response directly. THe
parallel filter produces effectively the same results as thg;
Kautz filter, but requires one third fewer multiply-and-add
operations, and has a fully parallel structure. Compared to
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