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ABSTRACT

This paper presents new propositions to audio restoration
and enhancement based on Sound Source Modeling (SSM).
The main motivation is to take advantage of prior informa-
tion of generative models of sound sources when restor-
ing or enhancing musical signals. We describe a case
based on the commuted waveguide synthesis algorithm for
plucked string tones and devise a scheme to extend the
bandwidth of guitar tones. Then, we study the de-hissing
of guitar tones and propose a scheme in which the band-
width extension method is applied as a post-processing
stage to a spectral-based de-hissing procedure. Accord-
ing to our experiments, this is effective for the reduction
of common side-effects associated with spectral-based de-
hissing methods, such as musical noise and signal distor-
tion.

1. INTRODUCTION

Signal modeling techniques have been widely used in au-
dio restoration purposes. In these techniques, the analysis
and synthesis parts of the processing only deal with the
information available in the surface presentation of audio
signals. However, audio analysis and synthesis can also
consider how the sound elements are structured in the au-
dio signal [1]. This kind of approach asks for better un-
derstanding of the human auditory perception, as well as
deeper representations of sound sources, which, in fact, are
important requirements for the actual challenges of the au-
dio signal processing field, such as sound source recogni-
tion, sound source separation, automatic transcription and
musical retrieval [2], content-based coding, and sound syn-
thesis [3].

In principle, a content-based audio analysis would help
to distinguish between a noise-like signal component to be
preserved, and a degrading noise to be removed. This pos-
sibility could guide further choices of the signal compo-
nents to be reconstructed in the synthesis part. Addition-
ally, SSM allows taking advantage of previous knowledge
of the model parameters associated with a high quality in-
strument sound to enhance the sound quality of a poorly
recorded instrument. However, the practical usage of SSM
is still limited to some specific cases, e.g., analysis and
synthesis of monophonic instrument sounds.

In this paper, we show that it is possible to reconstruct
the high frequencies either lost or severely degraded in the
recording process, since high quality synthesis models for
plucked-string tones are available, providing prior knowl-
edge of their frequency content. Our problem is restricted
to the synthesis stage, since only single acoustic guitar
tones are considered. For the SSM of plucked strings, a
simple commuted waveguide synthesis (CWS) algorithm is
employed [4, 5]. This choice allows obtaining the model
parameters by analyzing recorded tones [6]. The study pre-
sented here is divided basically in two parts: a proposi-
tion to extend the bandwidth of originally bandlimited gui-
tar tones, and a de-noising scheme for guitar tones which
mixes a traditional spectral-based de-hissing method and
SSM.

2. STRING MODEL

The function of the vibrating string model is to simulate the
generation of string modes after the plucking event. Con-
sidering an isolated string, its behavior can be efficiently
simulated by the string model illustrated in Fig. 1, whose
transfer function is given by

� � � � � �
� � � � 	 � � � � � � � � � � (1)

where � � and
� � � �

are, respectively, the integer and frac-
tional parts of the delay line associated with the length of
the string, � .

� � � �
is called the loop filter and it is in

charge of simulating the frequency dependent losses of the
harmonic modes.

In this work, the loop filter is implemented as a one-
pole low-pass filter with transfer function given by

� � � � � � � � �
� � � � � � � (2)

The magnitude response of the filter
� � � �

must not
exceed unity in order to guarantee the stability of

� � � �
.

This constraint imposes that � � � � � and � � � � � � .
The presence of the fractional delay filter,

� � � �
, is in-

tended to provide a fine tuning of the fundamental fre-
quency by precisely adjusting the length of the string. In
this work, it is implemented as a fourth-order Lagrange
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Fig. 1. Block diagram of the string model.

interpolator FIR filter [7]. In this configuration, the string-
model transfer function, " # $ % , is completely defined by the
length of loop delay, & , the loop filter parameters, ' and ( .

The value of & is obtained by

& )
* +

,* - . (3)

where
* +

the the sampling rate of the analyzed signal, and,* -
is an estimate of the fundamental frequency of the tone.
The parameters of the loop filter are obtained by first

estimating the decay rate of the harmonics. Then, the re-
sulting loop gains are used as a target magnitude response
for the loopfilter. A detailed description of the procedures
used to estimate the string model parameters can be found
in [6].

The excitation / 0 1 2 # 4 % , shown in Fig. 1, is obtained
by inverse filtering the guitar tone through the previously
estimated string-model.

3. BANDWIDTH EXTENSION OF GUITAR TONES

In this section, the problem of reconstruction of missing
spectral information in guitar tones is addressed within the
SSM approach. The connections between bandwidth ex-
tension and audio restoration appear in two cases: to over-
come the intrinsic bandwidth limitations of old recording
systems in capturing the audio source, and to reconstruct
the spectral information lost during a de-noising proce-
dure.

Let us consider a single guitar tone which was lowpass
filtered in order to remove the high frequency harmonics,
while preserving the fundamental frequency as well as a
few harmonics. The first step of the bandwidth extension
procedure is to estimate the string-model parameters [6].
Due to the simplicity of the string-model we are employ-
ing, and perceptual aspects [8], it is acceptable to analyze a
similar fullband guitar tone to overcome the impossibility
of estimating the decay rate of the missing harmonics.

Based on the CWS properties, the tone can be inverse
filtered resulting in an excitation, / 0 1 2 # 4 % . If the ana-
lyzed tone is already lowpass filtered, the corresponding

/ 0 1 2 # 4 % will have a lowpass characteristic as well. This
means that we need to provide extra energy to the excita-
tion in order to fully excite the string-model modes.

A possible way to achieve that consists of adding to the
attack part of the excitation an artificially generated pluck-
ing event, / 5 6 7 8 9 # 4 % , as illustrated in Fig. 2.

A suitable option for / 5 6 7 8 9 # 4 % is to generate an impul-
sive noise burst, for instance, by windowing a zero-mean
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Fig. 2. Bandwidth extension scheme.

Gaussian white noise sequence. However, it would be de-
sired that the additional noise burst, composed with the fil-
tered excitation, could emulate a typical spectral behavior
of the attack part of an excitation corresponding to a full
bandwidth tone. This can be achieved by coloring the noise
burst sequence according to known information about typ-
ical spectral characteristics of guitar bodies.

The generation of the noise burst, which simulates a
plucking event, is carried out as depicted in Fig. 3. The
input sequence, : # 4 % , is a zero-mean Gaussian white noise
sequence, the filter ; # $ % is a coloring filter, whose magni-
tude response must approximate the spectral envelope of
the very beginning of a full bandwidth excitation. The
highpass filter < = 5 # $ % is optional and can be included to
compensate for the unnecessary addition of energy within
the effective bandwidth of the analyzed tone. The gain fac-
tor > controls the local signal-to-noise ratio (SNR) at the
part of the excitation to be modified.

z( )Hhp
k( )epluckk( )n z( )

α
E

Fig. 3. Generation of the synthetic plucking event.

The capability of the previously described method to
extend the bandwidth of guitar tones is illustrated in Fig. 4.
In this example, a test signal consisting of an ? @ tone with
fundamental frequency of 347 Hz, sampled at 22.05 kHz
was used. The tone was lowpass filtered using a A B A C D
order equiripple FIR filter with cutoff frequency at 1 kHz,
transition band of 1 kHz, and attenuation of 80 dB on the
rejection band. Filter ; # $ % was chosen as a second-order
resonator tuned at 200 Hz. This frequency corresponds to
the lowest mode of the top plate of the guitar body [9]. The
radius of the poles was arbitrarily set to 0.8. With these
parameters, the frequency response of ; # $ % approximates
the spectral envelope associated with the attack part of a
full bandwidth excitation. The highpass filter < = 5 # $ % was
not included. Finally, the noise burst was multiplied by a
Hanning window of 600 samples, scaled, and added to the
attack part of the excitation.

Based on informal listening tests, it was observed that
coloring the noise burst has an important effect on the qual-
ity of the timbre of the resynthesized tone. The timbre of
the resynthesized tone also varies depending on the power
of the noise burst, which can be adjusted to produce a cer-
tain local SNR at the attack part of the excitation. Ad-
ditional tests were performed on the same guitar tone but
with bandwidth limited to 500 Hz and 3000 Hz. The ob-
tained results were similar to that of the previous case.
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Fig. 4. Time-frequency analysis of the original tone (top),
the lowpass filtered tone (middle), and the resynthesized
tone (bottom).

4. SSM AND DE-NOISING OF GUITAR TONES

Usually, spectral-based de-hissing methods suffer from a
difficult tradeoff between the reduction of the noise effects
and the introduction of distortion in the restored signal [10,
11]. The results of the SSM-based bandwidth extension
of guitar tones, described in Section 3, can be useful in
the de-hissing problem. The hard tradeoff between noise
reduction and preservation of the signal information can
be softened on the grounds that the spectral content can
be reconstructed afterwards if a sound source model and a
synthesis algorithm are available for the analyzed signal.

A possible option to remove the noise effects from a
guitar tone corrupted by zero mean white Gaussian noise is
to de-hiss it through a spectral-based method using an over-
estimated value for the variance of the corrupting noise.
However, the side-effect of this approach is to end up with
an oversmoothed restored tone which lacks high frequen-
cies. A remedy to the oversmoothing effect is to apply

the SSM-based bandwidth extension to recover the signal
information that was lost due to the aggressive de-hissing
procedure.

The previous two-steps strategy was found to be effec-
tive to de-hiss guitar tones, as can be seen in Fig. 5. In this
experiment, a zero mean white Gaussian noise sequence
was added to the test guitar tone and its variance was ad-
justed to produce a global SNR of 20 dB. As can be seen in
the top plot of Fig. 5, the noise masks the high-frequency
harmonics of the tone.

The first step of the restoration procedure consisted
of de-hissing the noisy signal through a Wiener filtering
scheme, as described in [11]. Here, signal frames of 256
samples were used with an overlap of 50%.The noise vari-
ance was estimated in the frequency domain by taking the
mean value of the upper quarter of the power spectrum.
Additionally, a gain was assigned to the noise variance es-
timate. This gain, which hereafter will be called noise floor
gain, worked as a control parameter for the amount of noise
to be removed.

Considering the Wiener filter configuration and the test
signal used in this experiment, it was found that a noise
floor gain of 30 suffices to almost eliminate the residual
noise effects in the restored signal. This can be verified in
the middle plot of Fig. 5, as well as the strongly smoothed,
i.e. lowpass filtered, characteristic.

The last step consisted of extending the bandwidth of
the previously de-hissed guitar tone using the SSM-based
scheme described in Section 3. The same approaches to
estimate the string-model parameters and to generate the
additional excitation signal were employed in this exper-
iment. These choices were found to generate a restored
tone whose timbre is similar to that of uncorrupted tone,
without the annoying effects of the residual noise as can be
seen in Fig. 5 (bottom). Sound examples are available at
URL: http://www.acoustics.hut.fi/publications/papers/
fs01-ssm/

5. CONCLUSIONS

In this paper, the enhancement of guitar tones was pre-
sented within a sound source modeling framework. First,
it was shown how the reconstruction of spectral informa-
tion in guitar tones can be attained by means of SSM tech-
niques. Then, the SSM-based bandwidth extension scheme
was applied as a post-processing stage after a traditional
spectral-based de-hissing method. The obtained results for
both the bandwidth extension and the de-hissing experi-
ments demonstrate that the proposed schemes are effective
in improving the perceptual quality of the restored tones.

Although showing some potential, the use of SSM for
audio enhancement purposes is still restricted to special
cases. Even if the attempt is to restore solo guitar mu-
sic, SSM-based techniques face challenging tasks related
to content-based representations of music. As an exam-
ple, the separation of tones whose content overlaps both
in time and frequency as well as the extraction of their
musical features can be mentioned. Extensions to more
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Fig. 5. Time-frequency analysis of the noisy tone (top), the
de-hissed tone (middle), and the bandwidth extended tone
(bottom).

general cases can be viewed as a multi-layered problem,
which would include separation of more general musical
elements in complex sound sources. On the synthesis side
of the chain, the requirements are related to the develop-
ment of model-based music synthesizers with more realis-
tic sounds, and capable of simulating the playing features
of real performances.

Finally, it is worth mentioning that SSM- and content-
based audio processing is still in a youthful stage of devel-
opment. However, as long as it develops into better ways
to represent and recreate sound sources, performing audio
enhancement within the SSM framework can lead to bet-
ter results compared to those attained by using traditional
techniques.
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