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ABSTRACT

A method is described for making natural sounding modifications
of the dynamic level of tones produced by acoustic instruments.
Each tone is first analyzed in the frequency domain and divided
into a harmonic and a noise component. The two components are
modified separately using filters based on spectral envelopes ex-
tracted from recordings of isolated tones played at different dy-
namic levels. When transforming from low to high dynamics, ad-
ditional high frequency partials are added to the spectrum to en-
hance the brightness of the sound. Finally, the two modified com-
ponents are summed and a time domain signal is synthesized.

1. INTRODUCTION

It is a well known fact that spectral characteristics of tones pro-
duced by acoustic instruments co-vary with sound level, when
played at different dynamic levels [1]. In general, the timbre of
louder tones is bright whereas that of softer tones is more dull.
However, a more detailed analysis reveals that the exact timbral
changes vary in a complex way depending on both instrument and
register.

In [2] we proposed a prototype system aimed at a rule-based
expressive modification of audio music recordings. We pointed
out that in order to obtain a realistic performance, three main pa-
rameters must be controlled: tempo, articulation and dynamics.
We presented a model for tempo madifications in [3]. During the
development of the system it became clear that articulation and dy-
namics modifications must be applied on a note-by-note basis. For
this reason, an analysis/synthesis approach was considered the best
choice: with the assistance of a score file, each tone is identified
and extracted as a group of partials tracks, following a sinusoidal
plus residual (noise) model (see [4] for an overview). At this point,
it is possible to modify the dynamic level of each tone in a realistic
way by changing both its amplitude and its spectrum.

It has been shown in many studies (e.g. [5]) that the spectral
centroid is a good estimator of a tone’s brightness. It is usually

defined as

> oo f(n)H(n)
25;01 H(n)
where f(n) and H(n) are the center frequency and the magni-
tude of the nth bin of the signal’s Fourier transform, respectively.
A high spectral centroid indicates more energy in the higher fre-
quencies of the spectrum, and thus a brighter timbre and, likely, a
louder tone. A shelf-filter with varying cut-off frequency and slope
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or simple high- and low-pass filters are simple solutions to move
the spectral centroid in a controlled way (e.g. [6][7}[8]). However,
we found two limitations when following this method. First, using
a single filter on the complete signal affects not only the harmonic
component of the signal but also the noise component. We have
seen that, especially for certain instruments such as the flute, the
harmonic and noise components change in different ways, and thus
a better result can be obtained by handling them separately. Sec-
ond, there is an inherent limit to how much the spectral centroid
can be shifted upward. Consider the opposite case, a downward
shift. Assume we have already separated the harmonic part of the
signal. By using a low-pass filter, it is possible to lower the spectral
centroid by reducing the energy of the higher partials, eventually
until they fall under the noise floor. On the other hand, by us-
ing a high-pass filter we can only enhance those partials that were
above the noise floor, and thus detected, in the first place. Conse-
quently, turning a piano tone into a forte one can be very difficult,
since the required high frequency partials are missing. In the worst
case, applying a high-pass filter to the complete signal (harmonic
and noise parts together), results solely in the amplification of the
high frequency noise. Furthermore, simple shelve filters are usu-
ally too generic to reflect the differences between instruments or
instrument’s registers.

A synthesis technique employing a sinusoidal model and dy-
namic filters based on spectral envelopes extracted from instru-
ment recordings is described in [9]. The authors’ aim was not
to modify existing tones, but to synthesize natural sounding ones.
Nevertheless, their approach is similar to the one proposed in the
present paper in that different filters are matched towards aver-
age spectral envelopes extracted from a number of recordings of
isolated tones. These filters are then applied to sounds from a
wavetable to generate different dynamic levels. In order to avoid
the “problem of the missing partials”, the wavetable is created us-
ing only the tones with the highest spectral centroid, i.e. the largest
number of partials. Thus, only low-pass filters are actually used.
In our case, since we want to modify existing tones, this approach
is impracticable because we would have to replace the entire tone
with a synthetic one. The primary advantage of modifying an ex-
isting tone is that a lot of the nuances that make it sound natural
are already present. We want to preserve as much of the original
sound as possible.

An alternative solution to the problem of the missing high fre-
quency partials is the use of techniques known as “bandwidth ex-
tension”. They are used in audio coding algorithms to enhance the
quality of low bitrate encoded audio (e.g. mp3PRO, AAC+, see
[10] [11}[12]). Our approach is based on the Accurate Spectral Re-
placement (ASR, [13]) technique. The spectrum is divided into its
harmonic (sinusoidal) and noise components, and a smooth spec-
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tral envelope is computed. Only the lower frequency partials are
preserved and directly transmitted to the decoder, while the higher
frequency partials are estimated at the decoder side from a spectral
envelope and the frequency of the lower partials.

In this paper, we present an algorithm for the modification
of the dynamic level of different acoustic instruments (currently
trumpet, clarinet, flute and violin, but it can be extended to other
instruments, provided we record suitable samples). The signal is
first decomposed into its harmonic and noise components. Differ-
ent filters, matched to spectral envelopes extracted from recordings
of isolated tones, are applied to the two parts of the signal. In case
of a transformation from a low to a high dynamic level, the missing
high frequency partials are synthesized and added to the spectrum.
Finally, the modified harmonic and noise components are summed
and a new time-domain signal is synthesized.

2. FILTER ESTIMATION

2.1. Recording of instrument samples

To extract the spectral envelopes needed to create the filters, some
available sound libraries were first tested (e.9. MUMS] MI).
These recordings proved unsuitable for our purposes since they
did not provide the calibration data needed in order to compare
different players of the same instrument, or different exemplars
of the same instrument. Furthermore, we wanted to have a wide
range of dynamic levels as well as a wide range of pitches. Thus,
we decided to record our own samples.

For each instrument, at least two expert musicians were asked
to perform a number of tones at different dynamic levels on their
own instrument. They were asked to play each combination of
pitch and dynamic level twice, to reduce the risk of unusable sam-
ples. A summary of the dynamic level and pitch ranges for each
instrument is presented in Table[T} The musicians were instructed
to play the pp as the softest level they could produce, the mf as
a “standard” level and the ff as the loudest, yet still comfortable,
level. They were also asked to play each tone for 2-3 seconds, and
to maintain a steady level (sustain with no vibrato) for at least 1
second. The recordings were performed in a semi-anechoic room
using a Bruel&Kjaer type 4003 microphone at a sampling rate of
96kHz. A calibration signal (1kHz sine wave, 94dB at 1 cm dis-
tance) generated using a Extech Sound Level Calibrator 447766
was recorded before each session. The microphone was placed at
a distance of approximately 0.5 m from the instrument.

Table 1: Summary of dynamic range and tone range of the
recorded samples.

Instrument | Dynamic levels | Tone range (MIDI)
Violin pp, p, mf, f, ff G3-E6
Trumpet | pp, p, mp, mf, f, ff E3-A#5
Clarinet pp, p, mp, mf, f, ff D3-A#5
Flute pp, p, mf, f, ff C4-C7

IMcGill University Master Samples,
mcgi Il _ca/resources/mums/htmi/

“University of lowa Instrument Samples, |http://theremin.
music.urowa.edu/MIS_html/

http://www.music.

2.2. Estimation of loudness

For the purpose of this study, it was not important to obtain abso-
lute values of sound level for each tone. Instead, we were more
interested in the perceptual differences in loudness and timbre be-
tween different dynamic levels. Thus, we decided to estimate the
loudness of each sample using a simple loudness model, the ITU-
R standard BS.1770-1 [14]. According to the specifications, in
the first stage, the signal is pre-filtered to account for the acoustic
effects of the head; in the second stage, an RLB (Revised Low-
frequency B) weighting curve modeled as a simple high-pass filter
is applied; finally, the mean-square energy z is measured. The
loudness (mono signal) is then obtained as

L = —0.691 4 101og,((Z/Zref) @

where Z,. is the mean-square energy of the calibration signal.

The loudness estimation was performed in the frequency do-
main. We first computed F'(n), the Short Time Fourier Trans-
form, using the Odd-DFT transform (frame length ~ 9 ms, over-
lap 75%), where n is the analysis frame index. The Odd-DFT,
which is briefly explained in [15], was used to be fully compli-
ant with the ASR method described in [13], as mentiod in section
[0 For each frame, the impulse response of the two filters of the
loudness model (i.e. head response and RLB) was multiplied by
the magnitude of F'(n). The squared amplitudes of the resulting
spectrum bins were summed, and the result divided by the number
of frequency bins to obtain the mean-square energy z(n) for each
frame. This resulted in an amplitude curve that was used to detect
the onset and offset of the tone and the boundaries of the sustain
part.

Tone onsets and offsets were detected using a threshold set at

maz(z(n)) — min(z(n))

Athr = 2 (3)

The sustain was defined as the longest part of the signal (not ex-
ceeding 1 sec) where the derivative of the amplitude curve z(n)
did not exceed £0.5.

The average loudness as defined in equation [2] was computed
for both the entire tone and the sustain part, where Z is the average
of z(n) over the frames comprised between the tone onset and
offset, and between the sustain limits, respectively. The sustain
loudness values were then used to normalize the samples to the
same level, as well as to compute the instrument’s dynamic range.
Figure [T]shows the average loudness of the sustain part for one of
the recorded trumpet players.

2.3. Partials extraction

Partials detection and extraction was not fully automatic, but based
on the a priori knowledge of the approximate fo, and on the as-
sumptions that the pitch of the tone was held constant over the
entire sample and that the spectrum was perfectly harmonic.

For each analysis frame, a peak detection algorithm was used
to extract all possible partials from the magnitude of F'(n). For
each detected peak, its frequency was estimated as described in
[15]. The method interpolates the real frequency of a peak in the
spectrum from the amplitude of the peak’s frequency bin and the
two nearest bins, and by also considering the shape of the analy-
sis window. For each frame, the value of f, was corrected using
the estimated frequency of the peak closest to the expected funda-
mental frequency. If no peaks in a range of £35 cents around the
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Loudness (sustain) — Trumpet (Player A)

Loudness Level
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Figure 1: Loudness values for each tone played by trumpet player
A (average of the two collected samples).

expected fo were found, the frame was considered to be containing
only noise.

In the first phase, all the peaks that were not harmonically re-
lated to the extracted fo, with an error margin of +25 cents, were
eliminated. A noise floor was then computed by taking the spectral
envelope of the signal minus the detected partials. In the second
phase all the peaks deemed to be harmonic, but that had an ampli-
tude below the estimated noise floor, were eliminated. The noise
component of the signal was finally obtained by subtracting the
harmonic components from the original signal.

2.4. Spectral envelope estimation

The spectral envelopes used to define the spectrum modification
filters were computed for both the harmonic and the noise com-
ponents using only the sustain part of the tone. The algorithms
and the Matlab code described in [16], and in particular the LS
method, were used because they facilitate the extraction of en-
velopes based only on specific frequency bins. The algorithm uses
a cepstral parametrization of the envelope. The parameters are
estimated iteratively by minimizing an error function. For each
recorded tone (i.e. two samples for each pitch-dynamics combina-
tion), we computed the average spectral envelope of both compo-
nents of the signal.

As expected, the spectrum of different tones played at the same
level had sometimes very different characteristics, especially when
the pitch difference increased. For the trumpet, for instance, a sud-
den change in the spectrum could be seen at the register change.
For the violin, each string had different spectral characteristics.
We thus decided to group the samples and produce several spec-
tral envelopes for each instrument. The trumpet and clarinet sam-
ples were grouped into five half octaves, while the violin samples
were grouped according to the string they had been played on. The
spectral envelopes for all the samples of one group were then av-
eraged. Finally, a differential spectral envelope was computed by
subtracting from all the envelopes the envelope of the ff samples
(asin [9]). Figure[Jshows the extracted average spectral envelopes
(harmonic components only) for the first four semi-octaves of a
trumpet, while figure [3] shows the average spectral envelopes for
the tones played on the four strings of a violin.

3. SIGNAL MODIFICATION

Once all the spectral envelopes, and thus the response of the dy-
namic modification filters, had been obtained, we could proceed to
the modification of the recorded samples. In an automatic modifi-
cation system, such as the one described in [2], the dynamic level
of each tone in the original signal need to be estimated. This is a
relatively difficult task since the conditions in which the recordings
were made are usually not known (distance from the microphone,
calibration, possible post-production modifications) and thus the
sound level alone is not a reliable estimator of the tone’s dynamic
level. For the purpose of this study, we will nevertheless assume
that we have already obtained this information.

3.1. Filtering

Through the passages described in section[2.4] an “envelopes ma-
trix” H(d,p) was created, where each line d corresponded to a
dynamic level and each column p to a group of pitches. Suppose
we want to transform the tone 7', belonging to pitch group pr,
from level d; to do: we will first select the two correct envelopes
H(d1,pr) and H(d2,pr) and compute their difference (the en-
velopes being expressed in dB). Thus, the frequency response of
the required modification filter is

Hmod = H(d27pT) - H(dpr) (4)

It is important to point out that H,,,.q is not the difference be-
tween the tone to be modified and the target envelope: this would
simply turn the tone into the target. Instead, H.,..q is the differ-
ence between the target reference envelope and the reference en-
velope with the same dynamic level as the tone to be modified.
Different exemplars of the same instrument have different spectral
envelopes (because of e.g. different internal resonances, different
materials, different construction techniques). Nevertheless, if we
assume these specificities to be constant throughout the dynamic
range of an instrument, by taking Hy.oq4 @s in equation [4] we re-
move these specificities. This implies that, in theory, the modified
tone does not inherit the characteristics of the reference samples,
but maintains the character of the original instrument.

The magnitude of the modified spectrum is then

|E(n)| = a-|F(n)] - Hmod )

where « is a gain factor calculated as the difference between the
loudness of the samples used to generate the spectral envelopes
(see section[2.2). The gain is necessary because the spectral en-
velopes were computed from samples normalized for loudness.
The gain factor can also be omitted, and the sound level modifi-
cation left to the user in a later stage. Time-varying modifications
(i.e. crescendo and decrescendo) are possible by interpolating en-
velopes between two levels over time.

As mentioned in section[T} for some instruments, such as the
flute, the harmonic and the noise parts of the signal show differ-
ent behaviors. For this reason, two sets of spectral envelopes were
estimated, one from the harmonic and one from the noise com-
ponents of the samples. To obtain more realistic modifications,
equations[d]and[5were used on the harmonic and the noise spectra
separately. The results were then summed to obtain the complete
modified spectrum.

The method described until now is very similar to that de-
scribed in [9]. The main limitation we found by using this ap-
proach is that only a reduction of the dynamic level is effective,
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Figure 2: Spectral envelopes (harmonic components only) for the tones played by trumpet player A, grouped in 4 semi-octaves

while an increase suffers from a lack of high-frequency partials.
Thus, we decided to use the concept of bandwidth extension, em-
ployed in audio signal coding, to extend the capabilities of our
modification technique.

3.2. Bandwidth extension

Bandwidth extension was used only in those cases where an in-
crease in dynamic level was required. During the partials extrac-
tion phase described in section 2.3} we had already estimated the
fo in each analysis frame. It is thus fairly straightforward to iden-
tify the upper limit of the detected partials, and synthesize new
ones above that limit, where needed. New peaks in the spectrum
were added using the algorithm described in [13]. From the fre-
quency and the amplitude of the partial, a three-point interpolated
peak can be obtained, to be added to the magnitude F'(n), by in-
verting the formulas used for frequency estimation (see section
[23). The amplitude of the partial was estimated from the con-
tinuation of the spectral envelope of the partials already present,
after the multiplication with the filter’s response. The spectral en-
velope was extended until it fell under the noise floor (see figure

@

3.3. Signal resynthesis

The modified F'(n) could now be inverted back to the time do-
main. A problem at this point regards the phase response required
to invert the transform. It is indeed possible, using the method

Partials amplitude (Trumpet tone A#3)

—mp
mp after filtering
---Bandwidth extension partials

Amplitude [dB]

20

20
Partial number

Figure 4: Partials amplitudes of a mp trumpet tone (solid line),
the same partials after filtering (dotted line), and the additional
partials added by the bandwith extension technique (dashed line).

from [13], to compute the phase response of the three-point syn-
thesized peak. For this, though, the amplitude and frequency of
the peak are not sufficient, but a phase value is also required. A
solution to the problem is to arbitrarily set an initial phase for the
synthetic partial track, and to compute the phase increment at each
successive analysis frame based on its frequency. Considering the
specific case of the application we proposed in [2], this approach
seemed difficult to apply, since various other transformations to
the spectrum are required apart from dynamics modifications. We
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Figure 3: Spectral envelopes (harmonic components only) for the tones played on the four strings of the violin by player A

decided instead to completely discard the phase response, and con-
struct a new one based solely on the magnitude of F'(n). For
this purpose, a modified version of the Real Time Iterative Spec-
trum Inversion with Look-ahead (RTISI-LA) algorithm described
in [17], was chosen. The original algorithm was extend to preserve
transients in case of time-scale modifications, as described in [3].

4. CONCLUSIONS

A method is described for a natural sounding modification of the
dynamic level of acoustic instrument sounds. It is based on pre-
vious methods, such as [9], that use filters matched to spectral en-
velopes extracted from instrument samples, to change the bright-
ness of the sound. Two main limitations to this approach were
found in the different behavior of the harmonic and noise com-
ponents of the signal, and in the limited effect of enhancing the
sound’s brightness because of a lack of high frequency partials.
The first problem was addressed by creating two different sets of
filters for the harmonic and the noise components, and applying
them independently. The second problem was addressed by adding
high frequency partials to the signal, when needed.

The method described in this paper is a general approach to
dynamics modification, our implementation being only one of the
possible alternatives. We decided to use the ASR technique be-
cause it incorporates three of the features required in our system:
accurate frequency estimation, analysis/synthesis and bandwidth
extension. Nevertheless, the method can be implemented using
other analysis/synthesis techniques (e.g. Serra’s SMS [18]).

To be able to use the proposed model in a wider context, such
as the rule-based performance modification system we proposed
in [2], other problems need to be addressed. The estimation of
the original level of a tone needs to be solved in order to choose
the correct filters for the modification. We are currently working
on a system using Support Vector Machine classifiers based only
on spectral characteristics, ignoring sound level differences. Fur-
thermore, the algorithm used for the resynthesis in the case of a
two-channel recording can not preserve the stereo image, since the
phase response of the two channels are computed independently.
Finally, the method described in this paper only takes into account
the sustain part of the signal. The attack plays also a very impor-
tant role in defining the dynamic level of a tone, and its modifica-
tion needs clearly to be addressed in the future to obtain a more
effective result.

We also plan to perform an objective comparison of different
variations of the model (simple filter, bandwidth extension, differ-
ent levels of grouping to extract spectral envelopes), as well as a
perceptual evaluation of the quality of the resulting modified sam-
ples. Nevertheless, informal listening tests suggest an improve-
ment in comparison to the simple filter approach when enhanc-
ing the brightness of a tone. Sound examples are available at:
http://www.speech.kth.se/~himork/datx09/
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