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ABSTRACT

In this paper, the analysis and synthesis of a rolling balhsiois
proposed. The approach is based on the assumption thatlthg ro
sound is generated by a concatenation of micro-impactsdsstw
a ball and a surface, each having associated resonancetacCon
timing information is first extracted from the rolling sounding
an onset detection process. The resulting individual cbreeg-
ments are subband filtered before being analyzed using lprea
dictive coding (LPC) and notch filter parameter estimatidine
segments are then resynthesized and overlap-added to foom-a
plete rolling sound. This approach is similar to that of fhpugh
the methods used for contact event detection and filter peteam
estimation are completely different.

1. INTRODUCTION

The synthesis of rolling sounds has applications in virezll-
ity and the game industry, where high-quality parametriadmo
els of environmental sounds are important in creating astéal
and natural result. Methods for the synthesis of rollingnesu
have been studied by several researchers. Van den Doeld2] pr
posed a source-filter approach to produce rolling sounahg wsil-
ored noise as input to a resonant filter structurel In [3] @ijdq
real-time physics-based parametric ‘cartoonification'deloof a
rolling object was proposed, with the seemingly continuiodsr-
actions of a ball and surface approximated as a sequencstiofodi
ball-surface contact events. They developed a non-linegsigal
impact model and incorporated that with a modal synthesis-te
nigue. Lagrange et al.[1] assumed a similar ball-surfaterin
action but focused on a linear source-filter model for theyeim
and resynthesis. They used a high-resolution method tmatgia
fixed resonant filter characteristic and an iterative cdreaent es-
timation method based on fitting a parameterized impact evind
to the sound to determine the source signal.

In this paper, we assume the rolling sound is composed of a
collection of micro-collisions between a rolling objectdsan un-
even surface (as in[3] andl[1]). We first perform a contacheve
estimation and segment the sound accordingly. We then &gtim
a separate filter characteristic for each segment. In this ives
possible to account for the varying modal property with egspo
the locations of the contacts along the trajectory of thedbpn
the surface, which in turn allows a physically intuitive bysés.
We first describe how to decompose the rolling sound signal in
individual contact segments. Secondly, the analysis anthegis

Figure 1: Top: Original rolling soung(n).
filtered rolling soundy,,,(n). Bottom: Spectrogram @f(n).

a better LPC estimation, especially for strong low-frequyemreso-
nant modes. We also perform a notch filter estimation to atcou
for effects related to position-dependent excitation efrttodes of
aplate.

2. DETECTION OF CONTACT TIMINGS AND THE
DEFINITION OF ONE CONTACT SOUND

Our approach is based on the underlying assumption thaofiivegr
sound results from numerous micro-collisions of a rollirgeat
over an uneven surface. Thus, we must find the contact timings
so that analyses of individual contact events can be acdsinepl.

To this end, high-pass filtering is first performed on the aigo

help distinguish contacts by their high-frequency tramsieFig1
shows a rolling sound signal, denotedgs), its high-pass fil-
tered version (cutoff frequency is 10kHz with sampling fregcy
44.1kHz),yn,(n), and the spectrogram gfn).
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Middle: High pass

A linear-phase high-pass filter is used to obtgip(n) so that

of each segment are discussed. A filter bank splits each segme group delays can be easily aligned. In order to detect cbtitae

into subbands with different frequency bandwidths, whichl#es

ings more accurately, an onset detection process is peztbon
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ynp(n). An envelope function®(n) is defined as in Eq{1)[5]
and thebox functionb(n) is defined as in Eq[12) by replacing all
values of E(n) greater than some threshold with a positive value

41
Bin) = ~ O [pln+m)P &)
_ if E(n) > threshold
b(n) = { (C)X otherw?se 2)

Fig.[2(a) showsE(n) of y(n) and Fig.[2(b) shows an enlarged
portion of E(n) and its associateti(n). In order to detect the
onset times frond(n), d(n), a time derivative 0b(n), is computed
using a simple differencing operation (high-pass filteyimggiven
by Eq. [3). As shown in Fidl]2(c}(n) contains values of either

or -a.

d(n) = b(n)—bn—1) 3)
din) if d(n 0
ofn) = {O() Iotherg/vi)se> )

Finally, the value foo(n) given by Eq.[(#) is obtained by rejecting
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Figure 2: (a) Envelope functioB (n) of given rolling sound,(n).
(b) Enlarged portion o (n) in (a) and its associated box function
b(n) (eq. (2)). (c) Box functiorb(n) from (b) andd(n), a time
derivative ofb(n) (vertical lines) (eq. (3)), hera = 1. (d) Box
functionb(n) from (b) ando(n) (vertical lines).

the negative values id(n), as shown in Fid.12(d), from which the
contact timing index information functioitk) is finally defined as

i(k) (5)

sample indexes whergn) = «
k=1,2,3,4,---,Ng

where N,, is the total number oé in o(n). From our basic as-
sumption of the rolling dynamics, we wish to feed one contact
sound at a time into the analysis/synthesis system. We taus d
fine ‘one contact sound’ as a segment of the original sig(a)
whose length is the interval between two identified adjacent
tactindices(k+1)—i(k). Thekth contact sound(n) is defined

as follows:

zx(n) =yn+i(k) —1), n=1,2,...,i(k+ 1) — i(k)
k=1,2,---,Nq

(6)

3. ANALYSIS AND SYNTHESIS SYSTEM

The analysis and synthesis scheme proposed here is dewised t
identify the excited modes of a single contact soundn). An
input segment;(n) is first decomposed into subband signals by
a tree structure filter bank. This not only improves the LP@l-an
ysis by limiting the frequency range over which resonanaes a
estimated but it also allows for different LPC parametergsash
subband, perhaps informed by perceptual characterisiiesalso
perform a notch detection operation for each segment touatco
for the time-varying, position-dependent suppressiteriaation

of resonant modes as an object rolls over a surface.

3.1. Tree structure filter bank

A tree structure filter bank [6] is used to separate each coaés-
ment into different frequency bands having unequal banthsid
for both the analysis and synthesis operations. The traetste
filter bank is constructed with two basic filters — one lowpfétsr
and another high pass filter — and two-channel quadratunemir
filters (QMF) (Fig[3) are used to achieve a perfect recontitn
(PR) condition for the filter bank. Four filters of the QMF bank
at the analysis bank (AB}{o(z), H1(z), and the synthesis bank
(SB), Go(z), G1(z), are related as below, from which the alias-
free property and the power symmetric condition are met [6].

Hi(2) = Ho(—2), Go(2) = Ho(2), G1(2) = —Hi(2)  (7)

A 4-band structure was empirically chosen, with cut-offjiren-

Figure 3: Two channel QMF bank.

cies of £, 17, 27 on a normalized frequency axis (Fig. 5). This
filter bank can also be represented as a typical 4-band fidtek b
(Fig.[4) using the noble identity[6]. The first band corrasgiog

to the lowest frequency subbafl(z) at the AB is equivalent to
Ho(2)Ho(2%)Ho(2*), and the rest of the bands are denoted such
that VQ(Z) = H()(Z)HO(Z2)H1(Z4)7 V3(Z) Ho(Z)Hl(Z2),
Vi(z) = H1(z). Inthe same way, the filters at the $B(z), | =
1,2,3,4 are defined. In addition, the filtedo(z) is designed
with a linear phase characteristid [7] so that the whole $tedc-
ture filter bank is piecewise linear phase. Therefore we laleta
easily compensate for group delays introduced by the filkekb
with simple time-domain shifting.
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Figure 4: Non uniform 4-band filter.
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Figure 5: Magnitude response of the filter bank.

3.2. Analysis/synthesis of one contact sound

When an object collides with a surface, the surface is set int
motion by the excitation force exerted by the object. Theasb
tional motion of the surface is characterized by its modappr-
ties, which in turn are determined by its geometry and plasic
characteristics. Due to the finite dimension of the surfaoeges
are selectively excited and attenuated / suppressed degeoud
the location of the excitation. In a frequency magnitudeoese,

(a) simulated modal pattern
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Figure 6: (a) Simulated modal pattern of simply supportezd-re
angular MDF plate (Width: 0.95(m), height: 0.25(m), thieks:
0.02(m)) excited by a rolling object traveling from one endhe
other end of the longer side, while centered on the other &kj)s
Spectrogram ofj(n). Upwardly varying notches can be seen.

3.2.1. Estimation of zeros using notch filtering

The kth input signatz, (n) is split into 4 subbands and downsam-
pled at AB. Subband &gna&éf) are defined as below:

acl(f)(n) = DOWNSAMPLE(v;(n) * xx(n)),

8)

where! is the order of the subband amg(n) is the impulse re-
sponse ofth subband filter at the AB of the filter bank. dwn-
SAMPLE denotes a downsampling operation.

Because the attenuated modes, as well as the excited modes,
are perceptually important in characterizing by the laratf the
rolling object, we focus on the estimation of the suppressedes,
represented as notches in the spectrum, as well as thecenuitdes.

In order to estimate notches mff)(n), we considered build-
ing a notch filter where frequencies and bandwidths of natche
are modeled according to the valleys in the frequency respon

of zx(n). To this end,| X, ”(ej“)| (Fig. [(a)), the magnitude

excited modes appear as peaks and suppressed modes appear @fsthe Fourier Transform o&:(”( ), is flipped t01/|X(l) (e)]

time-varying notch patterns that move in a self-consisteyt over
regions of the spectrum where energy was previously foumd. F
example, Figb illustrates a simulated modal pattern fortacts
along the length of a simply supported rectangular platesasiohi-

lar upwardly varying notch pattern in the spectrogramg @f). For
each contact segment, we thus model both the time-varyieg-sp
tral peaks (using LPC) and the notches. In general, it is know
that excited modes, which represent resonances, are ies$ent
the perception of the sounds. However, in the case of roflinond
on a finite length rigid surface, existing notches in the gpecare
also important as their notch-frequencies vary with timeaddi-
tion, by estimating notches, we can reduce the LPC ordercfwhi
would otherwise be unnecessarily high to describe Zerps[8]

(Fig. [A(b)) and peak frequencies of w%{ for m=1,2,...M,
where M is the number of detected peaks) are detected using the
Matlab functionfindpeaks. Then by using quadratic polyno-
mial curve fitting, lobes representing peaks are modeledstie e
mate 3dB-bandwidth&W,"), [9]. Oncew.”, and BW') are
estimated (normalized radlan frequenues) we can formmase
20 == BW(n/2) ¢ =i%m representing a valley i (7))

[Qj Then biguad sections representing a suppressed mediear
rived as

7027

PZz ),

9)

(1= 2,271
o (10)

(1 fpz;i 2 (-
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wherep = 0.95 andz{,, denotes the complex conjugatezf . 3.2.2. Estimation of poles using LPC
A,(f’)m, a biquad section which is the denominator of the notch filter

In order to estimate poles frotjzl(f) (z), apith-order LPC estimate

is necessary to isolate each notch properly [10]. The nolighr fi . .
y properly [10] L,(C”(z) is derived as below:

N (z) is given as follows:

G(l)
M 1) L(l)(z) _ k (13)
By (2) k R _m
l k,m _ P > m
NP (=) =] PRES (11) L= hoiam 'z
m=1 ““km
whereLg)(z) is the transfer functiong',*) are LPC coefficients

As shown in FigLI7(c), the constructed notch filter has natche andG\" is a gain of the LPC estimate(.*’ are estimated in such
whose frequencies and bandwidths are the same as thoseksf pea g way that the linear prediction erref)(n) as defined below is

in1/|X" (/)| (Fig.[(b)). X" (z) is then filtered withl /N" () minimized [11].
as below to obtai))\" (z): .
o el!(n) = q"(n) = 3" Mg (n - m), (14)

X, (2) m=1
N (z)

(12)

whereq” (n) is the impulse response of ti" (z). X{"(2), the
N . synthesis result ok} (z), is finally derived as follows:

In Q'”(7*), notches are removed sintgN." (z) is an in-
verse filter of the notch filter, thus enabling LPC estimatidth XW(z) = Wi(2)(UpsampLE L (2) NV (2))) (15)
lower orders (Fid.17(d)).

where UWPSAMPLE denotes an upsampling operation. LPC order
p; varies along subbands.

0 ‘ ‘ : ‘ ‘ ‘ In Fig.[d, the LPC estimates of the subband signals and the
g a0l fullband signal used for the example of Higj. 7 are shown. Agm
3 _sor nitude responses shown in Figl 8 are without zero estimates a
S ool ; ; plied. In the example of Fifll 7 and Fid. 8, the length of thetaon
E o5 n 15 S 25 3 soundzy(n) is 490 sample and the sampling rate is 44.1kHz. LPC
) 1/1XO ()] orders are set tp; = 25, p» = 10 andps = ps4 = 5 for the sub-
580 w w w w w w band signals and 45 for the fullband signal (no filter banKiegdp
g T so that the total orders of both cases are the same. It isttiatr
2 40z as a higher order is used for the low frequency region, sicarifi
200 : : : : : : spectral peaks are more effectively handled with limitetios.
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%:Zz | Figure 8: Magnitudes o (z) and its syntheses. Gray line is
E o L = . S L the magnitude plot ofX; (e’*) and black dotted line is the full

band LPC estimate with order 45. Black dash-dotted linestere
magnitude responses of the LPC estimates of the subbands sig
Figure 7: (a) Magnitude ofX,i” (e’). (b) Magnitude of from the lowest subband to the highest subband, respec(&eto

1/x"(e*). Circle marks denote detected peaks. (c) Magnitude er;s,ti:nates arehnOL_c?]nsidered). LP(I: orders are 25, 10, 5018, fr
response of the notch filte¥” (z). (d) Magnitudes of@ " (z) the lowest to the highset, respectively.
(solid) and its LPC estimaté& " (z) (dashed). (e) Magnitude of

X,E”(z). In all figures,xz-axes denote normalized radian frequen-
cies.

Since all the subband filters employed in the SB are linear

phase, their group dela: *) are frequency independent and only
simple time-domain shifts arise as phase distortion. Thid w
behaved group delay property of the analysis/synthesiersys
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clearly evident in Fid_0. Therefore, the phase distort'rbﬁl(ﬁ (n),
the impulse response di’,i”(z), can be easily adjusted by shift-
ing a?,i”(n) by Tl(k) which is estimated from the filter orders of
Wi(z). To complete the synthesis af;(n), abl(f)(n) are shifted
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1 2
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Figure 9: Synthesized subband output§(()). (a) ilil)(n), (b)
2 (n), © 2" (n), @2, (n).

back byr; and added together as illustrated below to faimthe
final synthesis output correspondingatg(n).

i) = @+ -1 (16)
sin) = Y &'(n) 1
=1
num : total number of subbands
X (9]
As the transfer function of the synthesis resmf)(z) in-
cludes infinite impulse response (IIR) components, the |sgore- [10]

sponsef:,i” (n) must be truncated so as to make the length.¢f)

finite. Thes(n) segments are thus cascaded using the overlap and
add method in such a way that the locatiorspf1) is matched to
i(k). Thus the tail ofsx(n) is overlapped with a part 6fy+1(n)
and then added together.

Sound examples are available at:
http://www.music.mcgill.catlee/DAFx10

4. CONCLUSION

An analysis and synthesis approach for rolling sounds ipgsed
in this paper. The process is based on the assumption that¢he
all sound can be linearly decomposed into many micro-céstac
between the object and the surface on which it rolls. Theeefo
a process similar to onset detection is carried out to extrae
contact timing information and segment the sound into iicldis!
contact events. Each segment is fed into an analysis/siatiyes-
tem to estimate time-varying filters. The analysis/syritheso-
cess consists of a tree structure filter bank, LPC processuis
notch filters. Thanks to the tree structure filter bank, LP@ecs
can be flexibly assigned to subbands, allowing us to focug roor
significant spectral features while analyzing and synt#iegiwith
LPC processors and notch filters. Finally, the resynthdsiom-
tact events are appropriately cascaded using the overth@adch
method to produce the final rolling sound.
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