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ABSTRACT Note that this approach separates the “radiation” and “
mination” properties of the soundboard. In practice, u
This paper presents a direct design technique for parallelally only the radiation effects are implemented by the
second-order sections based on a perceptually motivategtrument body model and the termination effects are
logarithmic scale, with application to instrument body mod-cluded in the string model.
eling. Traditional FIR and IIR design techniques work The most efficient approach for modeling the radiati
on a linear frequency scale, which is usually not optimal properties of the soundboard is the commuted synth
for audio applications. Warped filters and Kautz filters technique [2, 3]. This is based on the fact that if all t
are good candidates for perceptually motivated filter de- blocks of the model are linear and time invariant, then"
sign. However, the direct implementation of warped or order of the blocks can be commuted and the body
Kautz filters is computationally less efficient compared pulse response can be read from a wavetable. Howe
to an IIR filter of the same order. The perceptually mo- as nowadays higher computational power is available,
tivated frequency resolution can also be achieved by themay seek for other methods that do not require the line
proposed design method, without the disadvantage of in-ity of the string and excitation models.
creased computational complexity. The filter design has  The instrument body response can also be impleme!
two phases. First, the pole frequencies of the second-ordegs 3 fast convolution utilizing the FFT algorithm, such
sections are set to a predefined logarithmic scale, or can bgne one presented in [4]. While it is very efficient for lor
determined from a warped filter design. Then the zeros arejmpy|se responses, the algorithm becomes quite con
found by a simple least squares algorithm, as the optimiza-cated if low latency is required. Another way of decre:
tion problem becomes linear in parameters for a given setjng the complexity of the convolution is the use of ti
of poles. As high-order (up to 1000) filters can be robustly myiti-rate approach. In [5] a simple multi-rate algorith
designed, this technique is particularly well suited for in- haye peen presented that splits the input signal into
strument body modeling. Moreover, the parallel structure frequency bands and applies FIR filtering. Naturally, t
allows flexible modifications to the body transfer function. jgea of multi-rate processing can be used not only for F
filters, but for any other filter structure. Thus, it may |
1. INTRODUCTION applieq as a pqssible .extensior) to 'the filter-based b
modeling techniques discussed in this paper.

The basic idea of physics-based sound synthesis is that it 1he filtering effect of the instrument body can also
models the sound production mechanism of the musicalModeled as a reverberation algorithm. However, that
instrument (see [1] for overview). Therefore, the structure Proach cannot model the measured responses accur
of the model follows that of a real instrument. Thus, for and only the overall properties of the instrument body (r
string instruments, the model parts are the excitation, the@l density, decay, spectral shape) can be controlled.
string and the instrument body. The heart of the instru-  If the transfer function measurement of a real inst
ment is the string, as that is the one which produces thementbody is available, then body modeling can be con:
periodic vibration as a response to the excitation. The in- ered as a filter design problem. Unfortunately, the tra
strument body has two roles from the modeling point of fer function of real instrument bodies exhibits high moc
view. First, it produces a filtering to the sound when it density, making difficulties for standard filter design alg
converts the string force to sound pressure in a given pointrithms. This is mostly because traditional FIR and IIR ¢
in space (“radiation” properties). Second, it acts as a ter- sign algorithms are optimizing on a linear frequency sc:
mination to the strings, modifying the partial frequencies A logarithmic or auditory frequency resolution can be ¢
and decay times, and implementing a coupling betweencomplished by warped or Kautz filters, but they requ
the different strings (“termination” properties). special filter structures to be implemented.

As the real-time fully-physical modeling of the instru- This paper, after reviewing the existing filter design
ment body is still not feasible even with today’s fast DSPs, ternatives in Sec. 2, proposes a new method for desigl
the effect of the instrument body is often treated as a filter- the body filter in the form of parallel second-order se
ing operation acting upon the output of the string model. tions on the logarithmic frequency scale in Sec. 3. W
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the new method most of the advantages of Kautz filters By a particular choice of tha parameter, it is possible
are retained, while it requires less computation. Examplesmatch the Bark or ERB scale closely [9].
for piano soundboard modeling are given in Sec. 4. The The design of warped filters starts with warping the
method can be used not only for instrument body model- get impulse response.(n), e.g., by the use of an allpa
ing, but for any application that requires nonuniform fre- chain. Then, warped FIR (WFIR) filters can be obtai
quency resolution (i.e., in most audio applications). Some by truncating or windowing the warped target respc
application examples are outlined in Sec. 5 besides de—fzt(n). The WFIR filters have a similar structure as F
scribing the advantages of the method. filters, but the unit delays are replaced by the allpas:
ter D(z). That is, the WFIR filter is an allpass cha
where the signals between the first-order allpass bl
are tapped and weighted by. For warped IIR (WIIR)
filters, standard IIR filter design techniques are apf
to the warped target responfsg(n). However, for WIIR
The most straightforward approach to design the body modfilters, the replacement of unit delays B)(z) leads tc
el as an FIR filter is to apply windowing to the measured delay-free loops, and the filter structure has to be m
impulse response. In the case of the acoustic guitar, filterfied for practical implementation [8].
orders lower than 1000 do not produce satisfactory sound The application of frequency warping produces le
[6]. For modeling the piano soundboard at a sampling rate savings in terms of filter order for instrument body m
of f, = 44.1 kHz, the present author has found that 2000 eling. For modeling the body of the classical guitar, w!
tap filters give a good overall sound quality. However, the required orderis around 1000-2000 for FIR and ar
for synthesizing the characteristic knocking sound of the 500-1000 for IIR filters, WIIR filters are capable of p
soundboard for high tones, even higher ordersl (0000) ducing the same quality by an order of 100-200.
are required. The shortcoming of warped filters is that special

Another straightforward choice for body modeling is ter structures are required for their implementation, wi
applying one of the standard IIR design techniques. In [6], lead to higher computational complexity compared to
two IR filter design methods were compared for model- ditional FIR or IIR filters of same order. For low orde
ing the guitar body. It has turned out that IIR filters per- (<20-30), WFIR and WIIR filters can be converted to:
form almost the same as FIR filters for the same computa-ditional (direct form) IIR filters, but for higher orders tt
tional cost. As noted in [6], minimum-phase equalization is not possible because of numerical inaccuracies di
is not preferable, since it destroys the reverberant characconversion [8].
ter of the response.

Traditional FIR and IIR techniques are not optimal for 2.3. Kautz filters
instrument body modeling (and for most of the other audio , )
applications), because their frequency resolution is linear,!" the case of warped filters the frequency resolutio
as opposed to the quasi-logarithmic resolution of the hu- controlled by one parameter (i.&\). A more flexible al-
man hearing. In the particular case of body modeling, Ipcatlon of freq_uency resolution can be achieved _by K
this is emphasized by the fact that usually the lower body filters. 'Kautz. filters can be seen as the gener.allzat'lc
modes have smaller bandwidth compared to the higherWF[Rfllters, in the sense that'nowthe aIIpa;s filtersin
ones. The linear frequency resolution is inherent in FIR chain do not have to be identical (for overview and au
filters, and while IIR filters could have a higher pole den- a@Pplications, see [10]). The Kautz transfer function
sity in the low frequencies in theory, the traditional filter °€ Written as
design techniques tend to place the filter poles uniformly N
around the unit circle. Unfortunately, the logarithmic fre-  f(2) = Z wGp(2)
quency scale is so highly distorted compared to the linear =0
scale, that even weighted filter design cannot give satis- _ .
factory results [7]. In the following sections such filter _ iwk V1= prpj ol - D; @)
structures and design techniques will be reviewed which = 1—prz =0 1 —pjz
use a perceptually motivated frequency resolution.

2. EXISTING FILTER DESIGN ALTERNATIVES

2.1. Traditional filter design techniques

whereGy(z) are the orthonormal Kautz functions det
mined by the pole set;,. From the design point of viey
Kautz filters can be considered as fixed-pole IIR filt
Warped filters are paricularly well suited for audio ap- The advantage of the orthonormality 6f.(z) functions
plications because their frequency resolution can closelyis that the weightsy;, can be determined from the targ
match that of the human hearing [7, 8]. The basic idea of responsé., (n) by a scalar product

warped filters is that the unit delay ! in the traditional

2.2. Warped filters

FIR or IIR filters is replaced by an allpass filter wy, = Z ge(n)he(n), (3)
) Z_l _ A n=1
27— D(z) = T T 1) wheregy(n) are the inverse transform ofG (z).
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For determining the polegs; of the Kautz filter, several The algorithm presented here designs the parallel se
methods are discussed in [10]. The simplest is to use aorder filter-bank directly, without the intermediate direc

logarithmic pole distribution form lIR filter. After determining the poles, it uses the ou
o f puts of the second-order sections (i.e., exponentially

I = k (4) caying sinusoidal functions) as basis functions of a line

fs ' in-parameter model. In this sense the concept is simila

pr = RU/metive (5) that of Kautz filters, but by giving up the orthonormailit

S . . of the basis functions, the scalar product of Eq. (3) can
whered,, are the pole frequencies in radians determined be used for parameter estimation. On the other hand

by the logarithmic frequency serigs and the sampling
frequencyf;. The pole magnitudes form an exponen-
tially damping sequence approximating a cons@mes-
olution. The pole magnitude at the Nyquist rate is set
by the damping parametgk. Another way of finding  3.1. Problem formulation
the poles is an iterative algorithm, like the Brandenstein- i 4 4
Undehaunen method discussed in [10]. For better resultsEvery1 transfer function of the formil (=) = B(="")/
in the case of body modeling, warped pole positioning can A(z~1) can be rewritten in the form of partial fractions:
be applied. Adding some poles manually can also help in X X iy
focusing on the critical regions of the transfer function. —1y _ —n
For modeling the guitar body, a Kautz filter with warped HET) = ;1 “T a1 + Z bz (0)
Brandenstein-Undehaunen pole positioning produced sat- B
isfactory results already at an order of 120 [10]. This is wherep;, are the poles, forming either conjugate pairs
comparable to the orders required for warped IIR filters.  real valued, if the system has a real impulse response.
It is impractical to implement Kautz filters by a series second sum in Eq. (6) is the FIR part of ordgr. If the
of complex first-order allpass filters as in Eq. (2), and order of A(2~1) and B(z~!) is the same, then it reduce
combining the complex pole pairs to second-order sec-to a constant coefficiemt. Note that Eq. (6) is valid only
tions yields lower computational complexity [10]. How- if no multiple poles are present. In the case of pole mu
ever, the combined cascade-parallel nature of the filterplicity, terms of higher order also appear.
still requires more computation compared to filters im- Now let us assume that not only the target respon
plemented in direct or cascade form on DSP. This can bepuyt the poles of our IIR filter are known (the pole positiol
overcome by converting the Kautz filter to a direct form jng problem will be outlined in the next section). In thi
IR filter, but this is possible only for low filter orders due case Eq. (6) becomes linear in parametgmndb,,,, thus,

new method results in a simpler structure and significi
computational savings.

m=0

to numerical problems during conversion. they can be estimated by a simple least squares algori
to match the required response. This can also be don
3. PARALLEL SECOND-ORDER SECTIONS the frequency domain by the substitutien' = ¢=77,

where? is the digital angular frequency. Then the righ

We have seen that Kautz filters provide more flexibility hand side of Eq. (6) is evaluated at those frequentgjes
in the distribution of frequency resolution compared to where the target respongge~77¢) is known, and the pa-
warped filters. This is because the resolution is controlled rameters:;, andb,,, are set by least squares optimizatic
by the entire pole set and not only by one parameter. It so that the mean squared error between the target anc
would be beneficial to find a filter structure that retains this implemented frequency response is minimal.
property of Kautz filters, while enables more efficient im- However, the simplest way for finding the coefficien
plementation. This is achievable by parallel second-orderc, andb,, is to compute the impulse responses of t
sections. complex first-order filters of Eg. (6) in the time domait

Implementing IR filters in the form of parallel second- up to the length of the target impulse response. The |
order sections have been used traditionally because its betpulse response of thieth term1/(1 — p2~!) becomes
ter quantization noise performance [11] and the possibil- v (n) = (px)", wheren is the discrete time step. Thel
ity of code parallelization. The parameters of the second-the columns of the modeling signal matiM are com-
order sections are usually determined from the direct form posed of the vectors; (n). Moreover, for the FIR part, a
lIR filters, by, e.g., the partial fraction expansion or a sim- set of delayed impulse¥n — m) have to be added. The
ilar algorithm [12]. However, this approach is not applica- parameter vectgp is composed of the,, and theb,,, pa-
ble for our case, as traditional IIR filter design techniques rameterp = [c; ...ck, by - .. ba]T. Thus, the resulting
are not well suited for audio applications because of the filter impulse responsh can be calculated as
reasons discussed in Sec. 2.1. For converting the better
performing warped or Kautz filters to parallel form, they h = Mp. @)
should be converted to direct form IIR filters first, which
is not possible due to numerical inaccuracies. Therefore,Because of the nature of the linear-in-parameter proble
a different approach has to be taken for the parameter esthe error function is quadratic ip and has a unique mini-
timation of the second-order sections. mum, as opposed to nonlinear optimization problems. 1
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also their delayed versions by one temporal sample. 1
the optimal parameter spt,; is obtained by Eq. (8), ar
NOW Popt = [d1,0,d1,1,- - - di /2,0, dic /2,1, bo - - - bar] T

1
(+pzH(+pzh)

3.2. Pole positioning
Input )
The poles of the second-order sections can be deterr

by all the methods suggested for the case of Kautz fi
[10], some of them were briefly outlined in Sec. 2.3.
sitioning the poles logarithmically is the simplest way
this case, pole multiplicity is naturally avoided. In g
eral, the pole set does not have to be strictly logarith
but can also focus to specific frequencies by increasin
pole density in that region.

Another simple way of finding the poles of the seca
order filters is first designing a warped IIR filter to 1
warped target respon§q(n). Then, the poles of th
warped filter have to be found. This is in practice poss
even for filter orders of 1000, as the poles are sprea
proximately uniformly along the unit circle in the warg

1
a +p1<71271)(1 +p1(271)

Optional
FIR part

Figure 1. The structure of the parallel second-order filter.

mean squared error between the target resplopaad the
resulting filter responsh is minimized by the expression

domain. The warped polgg are converted back to line
frequency scale by an expression similar to Eq. (1):

Pt A

Popt = (MM)™'M"h, (8) " (10)

L+p’
where the vectop,,; contains the optimal parameters, b
andM is the conjugate transposef. where ) is the warping parameter with which the WI

The resulting filter can be implemented directly as Eq. (6fjlter was designed. The poles, can be directly use
forming parallel first-order complex filters. However, this for filter design. It has to be noted that the author
is not optimal from the computational point of view. On hever experienced the appearance of multiple poles

the other hand, if the complex pole pairs are brought to a@ny practical design method, meaning that the cano
common denominator, we obtain structure of Flg 1 can Usua“y be retained.

Ck Ck+1
1—prz=t 1 —pryiz71
k(1 —prr1z”h) Heppr(l—pez™t)
(I —prz™ )1 = prg1z71) a
dio+dg1z71
L= (pk + Prt1)2 ™ + Pepry12™

= 4. DESIGN EXAMPLES

The performance benefit of the warped or logarithmic
quency scale methods strongly depends on the phase
erties of the target response. Warping tends to st
5 (9) the high-frequency components of the target respon
time, while compresses the signals at low frequencie:
wherep, andp,1, andc, andci.; are complex conju-  Therefore, if the target response is non-minimumpt
gate pairs. This is a second-order section with real valuedthus, having maximum power at, e.g., 5 ms, warping
coefficients, which can be implemented much more effi- move this to 10-20 ms in the high frequencies, ma
ciently. Those fractions of Eq. (6) that have real poles them out of reach for the filter design algorithm for |
are either implemented as first-order IIR filters, or com- filter orders. On the other hand, minimum-phase targe
bined with other real poles to form second-order IIR fil- sponses have their power maxima in the beginning o
ters, yielding a canonical structure. This is depicted in response for all frequencies, thus, warped or logaritl
Fig. 1. In the case of multiple poles, higher order sections frequency resolution filters can perform optimally.
also appear. However, in our applications, multiple poles  Body responses are non-minimumphase in the ¢
do not occur in practice (see Sec. 3.2). sense. However, closely miked responses behave a
Although dy o and dy: can be determined uniquely like minimum-phase responses from the design poil
from ¢, andpy by the help of Eq. (9), the optimization view. Generally, the literature [8, 10] uses closely mi
problem is still linear in parameters if the second-order responses and sometimes even makes them comg
sections are used instead of the complex first-order filters.minimum-phase artificially. In this section, a closely m
With that approach the feedforward parametérs and (20 cm) piano soundboard response is used in gener:
dr,1 can be estimated directly with the least squares algo-as an example of a largely non-minimumphase targ
rithm, and there is no need to calculate them fromghe  far-miked soundboard response is presented in Sec.
andpy values of Eq. (6). In that case, the mathX con- Examples of warped or Kautz designs are not sh
tains not only the outputs of the two-pole resonators but in the next sections. Kautz filters perform in principle
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Figure 2. Comparison of frequency responses achieved o014 (b)
by different filter structures at an order of 200. From the ' IR 200
top to bottom: the proposed parallel filter, the Kautz filter, 0.
the warped filter, and finally the target specification.
o 0.08
E
the same way as the parallel second-order sections for the% 0.08 IR 800
same pole set, and warped filters have a very similar per- < 0.02
formance as the parallel filter, when the pole set is deter-
mined from a warped filter. This is illustrated in Fig. 2, 0.02|
where first a 200 order warped IIR filter was fitted to the ‘H Target
target specification. Then, the poles of the warped filter 0
were used for designing the Kautz and parallel filters. ~0.02

500 1000 1500 2000
Time [samples]

4.1. Reference IIR filter design
. . Figure 3. Frequency (a) and time-domain (b) responses of
Figure 3 (a) shows the frequency response of two IIR fil- (54itional IIR filters of order 200 (top) and 800 (middle),

ters designed by the Prony’s method. The target response,ng the target impulse response (bottom).
is displayed by the bottom curves of Figure 3, and has a

length of 10000 taps af; = 44.1 kHz. Filter orders of

200 are needed for acceptable sound (top curves), whileboth examples, resulting in a canonical structure contain-
the filter response starts to be perceptually indistinguish-ing second-order IIR sections only. The time-domain re-
able from the target only at an order of 800. It can be sponses of Fig. 4 show that the parallel filter can follow the
seen from Fig. 3 (a) that the design wastes too much effortlong-ringing modes better than traditional lIR filters even
for the perceptually less significant high frequencies. The at lower filter orders. Naturally, this can be already antici-
impulse responses of the filters are depicted in Fig. 3 (b). pated from the more precise fit in the magnitude response
They produce an excellent match for the first few hundred at low frequencies. The author has found in general that
samples (until the length of their FIR part, they are per- around four times lower order filters are required for the
fect by principle), but they are unable to follow the long- same sound quality compared to traditional IIR design.
ringing low modes of the target response.

4.3. Parallel second-order sections with warped-filter
4.2. Parallel second-order sections with logarithmic pole based pole positioning

positioning — .
Next, the pole set of the parallel second-order filter is esti-

Figure 4 (a) shows the frequency response of two parallelmated by warped filter design. For the top curve of Fig. 5
second-order designs, where the poles are set on a logaa 50th order WIIR filter was designed on the warped tar-
rithmic scale. For the top curve, 25 logarithmically spaced get response with = 0.75. Then, the poles of the warped
resonators are used from 60 Hz to 20 kHz yielding a fil- filter were determined and transferred to the normal (un-
ter order of 50. The poles are calculated by Eqgs. (4) andwarped) domain by Eq. (10). The middle curve of Fig. 5
(5) with R = 0.9. The middle curve uses 100 logarith- shows a similar example but with an order of 200. Sim-
mically spaced poles witlk = 0.98, giving a filter order ilarly to the previous examples, no parallel FIR part was
of 200. The order of the FIR paf/ was set to zero in  implemented. The warping-based pole positioning gives
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Figure 4. Frequency (a) and time-domain (b) responses of Figure 5. Frequency (a) and time-domain (b) responses of
parallel second-order sections designed with logarithmic parallel second-order sections with a pole set obtained by
pole positioning for orders of 50 (top) and 200 (middle), warped filter design for orders of 50 (top) and 200 (mid-
and the target impulse response (bottom). dle), and the target impulse response (bottom).

comparable preceptual results to the logarithmic position- in the filter structure, as depicted in the bottom of Fig. 1.
ing for the same filter order. For the top curves of Fig. 6, a 100th order IIR part and
a 200th order FIR part was used, which have the same
computational complexity in terms of additions and mul-
tiplications as the 200th order parallel lIR filter displayed
In this example, a piano soundboard impulse response igh the middle. The pole set was again determined from a
used which was recorded at 2 m distance from the pianowarped design, but now with & = 0.9 giving more em-
in a fairly damped rehearsal room. This means that the phasis on low frequencies, as the high frequency part is
target responsé(n) (the lowest curve in Fig. 6 (b)) is taken care by the FIR part anyway. The top curve of Fig. 6
far from being minimum-phase: it reaches its maximum (b) shows that the time-domain response is much more ac-
around the 200th sample. Indeed, a 200th order parallelcurate (actually, perfect up to the length of the FIR part),
filter (middle curve in Fig. 6 (b)) is unable to follow the and the magnitude response has also improved in the high
onset accurately. It can be seen that the resulting responsé&equencies.
contains high-frequency components only in the first part,  In this example the linear frequency resolution of the
which is a general shortcoming of warped or logarithmic FIR filter is combined with the auditory scale of the par-
filter designs. In this case, the pole set is determined fromallel filter. This approach often results in the lowest com-
a warped design, but similar results are obtained for log- putational complexity even in the case of closely miked re-
arithmic pole positioning. Designing a filter of an order sponses, but the canonical structure of having only second-
of 400 cures the problem, but at the expense of doubledorder filters in parallel is lost, meaning that some of the
computational complexity. additional benefits of the method (discussed in Sec. 5.1)
It is a better solution to include a parallel FIR chain cannot be utilized.

4.4, Fitting on a largely non-minumphase response
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w ‘ filters, but none of them cause any problems in our ¢
Par. 100 + FIR 2 @ First, in the case of multiple poles, the canonical struc
—20r | of Fig. 1 has to be extended, while for Kautz filters
structure is not dependent on pole multiplicity (in pract
= 40 multiple poles do not appear in body modeling). Sect
k=3 because the basis functions of the parallel filter are
o —60F : ; ;
o Par. 200 orthonormal, _ﬂlter design takgs_ longer tlm_e and can t
*é g0l theory numerically more sensitive, as the filter coefficie
S have to be determined by the matrix operations of Eq
_100 instead of a scalar product. However, in practice the
ters used in this study (or even orders up to 1000) c
—120 M be robustly designed without any numerical problems
-14 17 7 o 5.1. Additional advantages
o1 Frequency [Hz] The structure of the parallel filter is well suited for cc
‘ (b) parallelization, which can lead to even higher comp
012 ] tional savings on some DSPs. Moreover, the parallel
Par. 100 + FIR 200 ond-order structure has a lower quantization noise ¢
0.1 pared to direct form or cascade implementations [11].
Another benefit for physical modeling is that the
o 0.08 ) S ;
) allel filter structure can have a physical interpretatior
-:_5; 0.06- Par. 200 ] can be related to modal synthesis, where the vibr:
g WWWMJWWM of a structure is combined from that of its modes [!
0.04 ] This analogy to the physical reality leads to interesting
0.03 Target rameter modifi_cations. The resonance frequencies ¢
second-order filters (pole angles) can be changed to ¢
0 late a bigger or smaller instrument body. The decay ti
of the body modes can be influenced by varying the
—0.07 100 200 300 400 500 radii. Changing the overall magnitude response ca
Time [samples] accomplished by scaling the feedforward coefficiefits

anddy, 1 of Fig. 1, without an additional filter. Morphin

Figure 6. Frequency (a) and time-domain (b) response of different body responses is also possible.
comparison of different filter designs: 50 parallel second-  The same method can be utilized for scalability in te
order sections and a 200 tap FIR filter in parallel (top), and of sampling rate. The parameters of the second-orde!
100 parallel second-order sections (middle). The targettions have to be determined for the highest possible :
impulse response is displayed at the bottom. pling rate, and when the system has to run at a lower
!, the modes abov¢! /2 are dropped and the remaini
ones are stretched appropriately. Multiple outputs (
5. DISCUSSION for stereo effects) can be efficiently achieved by using
same set of poles for the different channels, thus, onl

The new method requires around four times less num- o1t coefficients of Fig. 1 have to be implemented
ber of additions and multiplications compared to tradi- the channels separately.

tional IIR filter designs for piano soundboard modeling.
This decrease is even larger if the target response is mad% 5> Future research
minimum-phase before filter design. -
If the pole set of the parallel filter is determined from The construction of an adequate perceptual model fo
a warped design, the parallel filter performs the same way quantitative evaluation of body modeling techniques w
as the WIIR filter of the same order. However, the parallel be beneficial, but it is far from being a straightforw:
filter yields a simpler DSP implementation and provides task. This is because the perception of the body resg
more flexibility in the distribution of frequency resolution. is highly dependent on the input signal, thus, lookin
As the design of the parallel second-order filter is very transfer functions or impulse responses gives only a r
similar to that of the Kautz filter, the parallel filter per- measure of quality.
forms the same way as the Kautz filter for a given pole  The proposed method may find applications in all th
set. On the other hand, it requires smaller number of mul- cases, where Kautz filters have been proven to be €
tiplications and additions and its parallel structure is bet- tive, as it produces comparable performance at lower
ter suited for DSP implementation compared to the mixed putational cost. Trivial examples are audio applicati
cascade-parallel structure of the Kautz filter. The pro- such as loudspeaker or room equalization. The apf
posed method has two disadvantages compared to Kautzion of the technique for the source-filter modeling of r
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sical instrument sounds and comparison with previous pa-

rameter estimation techniques, such as the ones used in

[14, 15], can also be a part of future research.

As the method has been found to be robust even in the
order of a thousand, it might be applicable for room re-
sponse modeling. While not as efficient as fast convo-
lution algorithms [4], it gives larger flexibility, since all

(3]

(4]

the parameters of the late reverberation could be changed

as outlined in Sec. 5.1. Room modeling requires signif-
icantly higher filter orders compared to instrument body
modeling. Therefore, combining the approach with multi-
rate techniques could be favorable.

6. CONCLUSION

In this paper, a simple and robust method has been pro-
posed for the direct design of a parallel set of second-order

filters. While the idea of using such a filter structure is

(5]

(6]

not new, the proposed direct design method makes it pos-

sible to use the parallel structure in an auditory (or log-
arithmic) frequency scale, which is better suited for au-

[7]

dio applications. Design examples have been presented

for the case of piano soundboard modeling. The method
produces comparable results to warped and Kautz filters,
while does not require the implementation of special struc-
tures. Compared to traditional IIR design, around four

times lower filter orders are obtained for the same sound
quality. Moreover, the parallel structure is well suited

for DSP implementation and produces lower quantization

Stockholm Music Acoustics Conpages 443—-44
Stockholm, Sweden, July 1993.

Julius O. Smith. Efficient synthesis of stringed mi
cal instruments. IiProc. Int. Computer Music Con
pages 64-71, Tokyo, Japan, Sep. 1993.

William G. Gardner. Efficient convolution witho
input—output delayJ. Audio Eng. So¢43(3):127-
136, Nov. 1995.

Balazs Bank, Giovanni De Poli, and Laszl6 Sujk
A multi-rate approach to instrument body mode
for real-time sound synthesis applications.Proc.
112" AES Conv., Preprint No. 552@unich, Ger
many, May 2002.

Matti Karjalainen, Vesa Valimaki, Heikki Raisant
and Harri Saastamoinen. DSP equalization of ¢
tret film pickup for acoustic guitar.J. Audio Eng
Soc, 48(12):1183-1193, 2000.

Michael Waters and Mark B. Sandler. Least squ
IIR filter design on a logarithmic frequency sci
In Proc. IEEE Int. Symp. on Circuits and Syste
pages 635-638, May 1993.

] Matti Karjalainen and Julius O. Smith. Body m«

eling techniques for string instrument synthesis
Proc. Int. Computer Music Confpages 232-23
Hong Kong, Aug. 1996.

noise compared to cascade or direct structures. A signif- [9] Julius O. Smith and Jonathan S. Abel. Bark and |
icant benefit for physics-based sound synthesis is that the

parameters of the parallel filter can be changed in a mean-

ingful way, leading to the real-time variability of body size
and decay, or to the morphing of different responses. The
method can not only find applications in instrument body
modeling, but also in other applications where nonuni-
form frequency resolution is preferable.

Sound examples and MATLAB functions can be found
at the webpaght t p: / / ww. acousti cs. hut. fi/
go/icncO7-parfilt.
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