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ABSTRACT
This article presents a sound synthesis model reproducing
impact sounds from a perceptual point of view. We mainly
address here the synthesis of sounds generated by impact-
ing complex structures for which classical techniques are not
well adapted. In the context of analysis-synthesis, the syn-
thesis parameters are directly estimated from the analysis of
real sounds.

1. INTRODUCTION

Impact sounds and more generally transient sounds, still pose
problems for what the synthesis is concerned. They are im-
portant for both musical synthesis (percussive instruments)
and audio virtual reality applications (in animation movies
to illustrate the bang on a door or impact sounds on ob-
jects made with different materials, . . . ). Recent works have
shown the existence of perceptual clues allowing the recog-
nition of impact sounds only by the listening. The synthesis
model presented in this study is based on the reproduction
of the two main clues, corresponding to the material and the
geometry of the structure. In particular, the sound damping
is simulated by a time varying filtering process. In the con-
text of analysis-synthesis, the synthesis parameters, which
are correlated to the physical parameters such as the damp-
ing law and the eigen modes of the structure, are directly
extracted from the analysis of real sounds. This leads to
an analysis-synthesis model that will be illustrated by two
examples: sounds of impacted thin plates and piano sound-
board response.

2. WHAT IS AN IMPACT SOUND?

The term impact sound can be used to describe many situ-
ations. We adopt here a conceptual definition close to the
one given in [17]. In the time domain, an impact sound is a
short duration sound not lasting more than a few seconds and
characterized by an abrupt onset and a short decay. Typically,
it corresponds to the vibratory response of a given structure
under free oscillations after been excited by an impact, or to
the sound produced by the collision of objects. As a con-
sequence, the spectral content of such a sound generally is
broadband.

Synthesis methods based on physical modeling are very
efficient to simulate the sound produced by simple vibrating
structures for which the classical theory gives analytical so-
lutions. Nevertheless, for complex structures, these methods
are not adapted since they require a precise description of
the structure itself and lead to complicated physical models.
To go beyond this limitation, we look for a sound synthesis

model the aim of which is to reproduce the main perceptual
features of impact sounds.

Many hearing tests have shown the existence of percep-
tual clues allowing the recognition of impact sound only by
the listening [5] [6] [16]. These tests have brought to the fore
some correlations between physical attributes (the nature of
the material, dimensions of the structure) and perceptual at-
tributes (perceived material, perceived dimensions):
Material: The perception of the material is mainly corre-

lated to the damping coefficient of the eigen modes of
the vibrating object [18]. This coefficient generally is
frequency dependent and can be related to the internal
friction coefficient which is eventually considered as the
most important characteristic of the material.

Dimensions of the structure: For what the geometry is
concerned, the size is mainly perceived by the detec-
tion of the emergent spectral components associated to
the modes of the structure [3]. The frequencies of these
components correspond to the so-called eigen frequen-
cies of the structure and are deduced for simple cases
from the movement equation. Especially, for multidi-
mensional structures, the modal density increases with
respect to the frequency so that the modes overlap and
become indiscernible at high frequency. We shall then
consider that the spectral content is composed of some
emergent modes related to the geometry at low frequency
and an overlapping modal density at high frequency.

3. SOUND SYNTHESIS MODEL

In this section, we propose a sound synthesis model aiming
at simulating impact sounds from a perceptual point of view.
This model is based on the reproduction of the two main con-
tributions, in particular those corresponding to the material
and the dimensions of the structure. We propose to model
separately these two contributions (material and structure di-
mensions) even if they can’t be totally disconnected from a
physical point of view.

3.1 Material contribution

As mentioned in the previous section, one of the character-
istics of impact sounds is a broadband spectrum. This spec-
tral behavior is due to the possibly high density of modes
together with their fast damping. To simulate such a spec-
trum behavior, we used a white noise to generate a broadband
spectrum (from an energetic point of view). As a basis of the
synthesis model, we chose the one proposed by Van Duyne
and Smith [13] [14] consisting in simulating the damping by
a time-varying filtering process acting on the input signal.
The time varying filter, noted F , is based on an IIR structure
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Figure 1: Synthesis model reproducing the main characteris-
tics of the material.
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Figure 2: On the left: Sound synthesis model using an addi-
tive approach. On the right: Sound synthesis model using a
digital waveguide model approach.

(Infinite Impulse Response). We call dynamic filtering the
extension of the definition of such a filter in the case where
the coefficients vary with respect to the time. Nevertheless,
it is assumed that this variation is small enough so that the
filter can be considered as non evolutive under a small time
interval. To control the bandwidth of the generated spectrum,
we used an additional band-pass filter. The response of this
filter is strongly related to both the strenght of the impact and
the characteristics of the excitator. The model is represented
in Figure 1.

3.2 From the material to the object

The simplest approach to generate emergent modes consists
in using an additive method, by simply adding a sum of si-
nusoids to the white noise (figure 2, left). The sinusoids are
characterized by their amplitudes and frequencies, leading to
an easy implementation and control of the model. Neverthe-
less, it suffers of a lack of correlation between the parameters
and the physical description of the vibrating structure.

We addressed this problem by proposing another ap-
proach based on physical modelling using digital waveguide
concept [12] and especially the banded digital waveguide
model [4] (figure 2, right). The idea consists in favouring
some of the propagative waves by using loops simulating the
creation of stationary waves in the structure. Each resonance
is reproduced by a feedback loop composed of a delay line
Ds and a band pass filter Bs (a second order filter has shown
to be sufficient in most of the cases). We call these filters
the modal filters. The band pass filter is centered on the de-
sired frequency to select one resonance in the harmonic spec-
trum generated by the delay line. Generally, we generate as
many resonances as feedback loops. But several harmonic
resonances can be produced with only one feedback loop by
increasing the bandwith of the band pass filter.

4. FROM REAL SOUNDS TO SYNTHESIS

In the context of analysis-synthesis, synthesis model param-
eters can be estimated from the analysis of natural sounds.
In this section, we present an analysis method to extract
both the damping law (characteristic of the material) and the
modal parameters (characteristic of the structure geometry).
We shall then establish a relationship between the synthesis

model parameters and the estimated physical parameters.

4.1 Analysis of transient sounds

The transient feature of the sounds we consider leads at us-
ing joint representations to precisely describe their most rel-
evant perceptual characteristics. For that, we propose analy-
sis methods based on time-scale decomposition (wavelets).
Such methods consist in decomposing a signal in term of
contributions which are well localized in both the time and
the scale domain, giving a representation coherent with the
hearing [7]. We chose a slightly modified version of the
wavelet transform where the wavelets are constructed to
mimic the response bandwidths of the basilar membrane at
various locations [10]. This leads to what we call the time-
scale Bark representation. This representation is obtained
by decomposing the signal by a filter bank, the responses
of which are given by gaussian functions located at central
frequency corresponding to the Bark scale.
Estimation of the damping law: The damping law charac-

terizing the material is estimated from the time-scale
Bark representation. In each sub-band, we first calcu-
late the associated analytical signal. This signal gives
a complex representation of the sub-band signal, lead-
ing to an easy estimation of both the instantaneous fre-
quency and amplitude law. By considering that the signal
is a solution of a linear PDE representing a simple me-
chanical system (mass-spring-damper), one can assume
that the time signal exponentially decreases. Thus, we fit
each sub-band amplitude law with an exponential func-
tion e � αt . The damping law is then characterized by the
α for each Bark sub-band.

Estimation of the modal parameters: We have to deter-
mine the amplitudes and the eigen frequencies of emer-
gent modes. For that purpose, many analysis methods are
available. Among the so-called parametric methods, the
Prony method [8] (or Steiglitz-Mac Bride method [15])
consists in identifying a given signal to a sum of expo-
nentially damped sinusoids. Starting from initial values,
the optimal amplitude and frequency values are obtained
by minimizing the quadratic error between the measured
and the theoretical signals. Otherwise, among the so-
called non-parametric methods, we can use the Fourier
transform method to determine the amplitudes and eigen
frequencies of emergent modes. We used either method,
but it is worth noticing that parametric techniques are bet-
ter adapted to the separation of close components.

4.2 Synthesis parameter estimation

In this section, we describe how the parameters of the synthe-
sis model can be estimated from the physical ones, extracted
by the analysis methods previously described. In particular,
we propose to estimate the dynamic filter coefficients from
the damping law and the modal filter coefficients from the
modal parameters.

4.2.1 Estimation of the dynamic filter coefficients

The dynamic filter F responsible of the sound damping is
based on an IIR filter structure. In practice, we used a first
order filter, the response of which is given by:

F
�
z ��� a0

�
1 � z � 1 �

1 � b1z � 1 with z � eiω (1)
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The expression is simplified so that only the two coefficients�
a0,b1 � are needed. This is due to the fact that we assume the

modulus of F to be zero at the Nyquist frequency. We can
consider higher order filters (for example to simulate com-
plex and not monotonous evolution of the signal) but a first
order filter has shown to be sufficient for most of our appli-
cations in impact sound synthesis. The coefficient values are
supposed to be time varying and must be calculated at reg-
ular time intervals. As the filter F reproduces the damping,
we chose to estimate the set of unknown parameters

�
a0,b1 �

by keeping invariant the damping coefficient in three specific
Bark intervals. A first interval corresponds to the one con-
taining the spectral centroid G. The two others correspond
to the bands that contain the energetic centroids of the two
domains on either side of G. This division is closely linked
to the concept of tristimulus [11].

4.2.2 Estimation of modal filter parameters

In this section, we describe the modal filter parameter estima-
tion for additive and digital waveguide approaches. In both
cases, it is necessary to define precisely the emergence ratio
of the modes with respect to the “smooth” part of the spec-
trum. This leads in selecting the modes of greater amplitudes
and considering the rest of the spectrum as the “noise contri-
bution” (took into account by the material model).

For what the additive approach is concerned, the model
parameters are directly given by the spectral representation
of the signal (see section 4.1). In the digital waveguide ap-
proach case, the estimation process is different. To avoid the
formalism to be non-stationary, we use the concept of aver-
age filter. This filter, noted F̃

�
ω � , corresponds to a filter the

frequency response of which coincides with the Power Spec-
tral Density of a white noise filtered by the dynamic filter.
Its determination is of great importance since it allows us in
further considering the system as a time invariant one. This
assumption has shown to be valid for most of the sounds we
worked on, since the short duration of the sounds together
with the regular behavior of the damping makes the noise
part well characterized by its global energy. Thus, one re-
duce the model to a time invariant one which is now fully
determined by a transfer function H

�
ω � given by:

H
�
ω � � F̃

�
ω �

1 � F̃
�
ω �

S

∑
s � 1

�
Bs
�
ω � Ds

�
ω � �

(2)

with S the number of feedback loops. The parameters char-
acterizing the modal filters are then obtained by minimizing
the difference between the Fourier transform of the measured
signal and the transfer function of the synthesis model.

4.3 Examples of analysis-synthesis

4.3.1 Impact sounds on thin plates

We address the problem of resynthesizing sounds produced
by impacted thin plates. These sounds were experimen-
tally obtained by recording the vibrations of rectangular thin
plates made with different materials. Figure 3 shows the Bark
representations of the signals obtained from wood and steel
material. The right part of figure 3 shows the damping laws
respectively corresponding to the wood, the glass and the
steel as a function of the frequency. As we assumed, they
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Figure 3: Bark representations corresponding to signal from
wood thin plate (on the left) and signal from steel thin plate
(on the middle). Frequency dependent damping laws for the
wood, the glass and the steel as function of frequency (on the
right). They are estimated from Bark representations.

10
1

10
2

10
3

10
4

−100

−90

−80

−70

−60

−50

−40

−30

−20

−10

0

Frequency (Hertz)

A
m

pl
itu

de
 (

dB
)

10
1

10
2

10
3

10
4

−70

−60

−50

−40

−30

−20

−10

0

Frequency (Hertz)

A
m

pl
itu

de
 (

dB
)

Figure 4: Evolution of the dynamical filter (dB scale) as
function of frequency (logarithmic scale) for the wood ma-
terial (on the left) and for the steel (on the right).

are frequency-dependent. The damping laws have been esti-
mated on the relevant part of the sound spectrum for which
the energy is sufficient. Nevertheless, the regularity of the
curves obtained this way allows a pertinent extrapolation
along the frequency axis. Figure 4 represents the evolution of
the frequency response of the dynamic filter at various time
intervals. One can clearly see that the filter becomes more
and more low pass, meaning that high frequency compo-
nents faster decrease than low frequency ones. These results
present a good correlation with the physics of material which
states that high frequency modes are generally more damped
than low frequency ones. From the perceptual point of view,
this is coherent with the fact that wood is perceived as a less
resonant material than steel. As a consequence, a sound gen-
erated by a wood structure is generally shorter than a sound
generated by a metallic structure.

For what the influence of the emergent modes is con-
cerned, we have checked their relevance in the perception of
the structure dimensions. According to the physics, our per-
ception is sensitive to the frequency of the emergent modes:
the higher, the smaller the structure is mentally visualized.

4.3.2 Impulse response of a piano soundboard

An important problem in piano sound synthesis is the repro-
duction of the radiation of the instrument. This radiation is
produced by the soundboard which is difficult to model from
a physical point of view. We have resynthesized the impulse
response of a piano soundboard using our synthesis model,
the parameters of which have been estimated from the anal-
ysis of the sound obtained experimentally. This model will
be further linked to an existing synthesis model of hammer-
string interaction [1] [2] using the Commuted Synthesis con-
cept [13] [14].

Figure 5 shows the extracted damping law and the time
evolution of the modulus of the dynamic filter simulating this
damping law. The dynamic filter presents a lowpass filter
behavior. For what the contribution to the emergent modes
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Figure 5: On the left: estimation of the damping law from
the experimental signal of an impulse response of a piano
soundboard. On the right: temporal evolution of the dy-
namic filter.
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Figure 6: Time-scale representations of the measured signal
(on the left), the synthesis signal obtained by the additive
approach (on the middle), the synthesis signal obtained by
the waveguide approach (on the right) as function of time
(x-axis) and scale parameter (y-axis).

is concerned, we only took into account the ten modes of
greater amplitudes. The rest of the modes is generated by the
initial white noise. Consequently, in the additive approach,
we have considered a sum of ten sinusoids and in the waveg-
uide approach, ten feedback loops (one loop by mode).

From a perceptual point of view, the global behavior of
the original signal is conserved and the synthesis sounds sim-
ilar. Figure 6 respectively shows the time-scale representa-
tions of the measured signal, the synthesis signal obtained by
the additive approach and the synthesis signal obtained by
the digital waveguide approach.

5. CONCLUSION

We have presented a method to efficiently simulate impact
sounds by reproducing the main physical features which
play an important role from a perceptual point of view: the
frequency-dependent damping law and the emergent spectral
content. Using specific analysis methods adapted to transient
sounds, the synthesis parameters are estimated from the anal-
ysis of natural sounds. Moreover, new sounds can be created
using these models leading to an efficient tool for the gener-
ation of sounds in the context of virtual reality. In prospect,
we expect generalizing the concept so that we can take into
account the type of actions (rubbing, scratching, . . . ).

We recently implemented the synthesis model based on
the additive approach in real-time using the Max-MSP soft-
ware. We then piloted the model using the Radio Baton in-
terface [9], composed of two batons and a flat box into which
captors are placed. This experiment has shown the efficiency
of the synthesis model, allowing many sound effects such as
continuous morphings between distinct materials or sizes.
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