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ABSTRACT

An efficient representation for the amplitude spectrum of har-
monic sounds is proposed. The representation is based on mode-
ling the rough spectral shape using Mel-frequency cepstral
coefficients and their temporal evolution using the attack-decay-
sustain-release-model. The representation significantly reduces
the number of parameters while preserving most important per-
ceptual features of sound. The proposed representation is applied
as apart of an object-based audio coding system. Demonstrations
of monophonic signals are available at http://www.cs.tut.fi/~heln/
demopage.html.

1. INTRODUCTION

Sinusoidal modeling is widely used in audio signal processing. It
aims at representing the periodic components of asignal asasum
of sinusoids, whose amplitudes, frequencies, and phases are time-
varying.[1]

A harmonic sound has several features which alow further
data compression: in case of a perfectly harmonic sound the fre-
quencies of the overtones are integer multiples of the fundamental
frequency (f0) so that only the fO needs to be encoded. The phases
are not perceptually important, and in many cases random phase
or integral of frequency over time can be used.

The time-frequency spectrum of natural sounds is usualy
smooth which means that the amplitudes of harmonic components
are slowly-varying. This has been utilized for example by using
prediction and coding the prediction error [2]. In audio coding the
temporal evolution of signal of it's subchannels has been taken
into account by using a gain slope, which for example reduces the
pre-echo problems caused by quantization in frequency domain.
For example, “Harmonic and Individua Lines plus Noise’
(HILN) parametric coder [3] used intraframe gain slope for indi-
vidual sinusoids.

In this paper, amethod is proposed for the efficient parameter-
ization of the amplitude spectrum of harmonic sounds. The
method is based on two techniques which are widely used in
audio applications but not in audio coding: Mel-frequency ceps-
tral coefficients (MFCCs) are used to represent the spectrum of
sounds and attack-decay-sustain-release (ADSR) -scheme is used
to model the tempora evolution of parameters. Both techniques
reduce significantly the amount of parameters while preserving
the perceptually most important features, making the representa-

tion ideal for audio coding.

2. REPRESENTATION FOR HARMONIC SOUNDS

The harmonic part of asound can be represented as a sum of sinu-
soids, so that s(t), the K frame of sound can be expressed as:

N
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where ay ,, wy , and ¢ , are the amplitude, frequency and phase
of the n'™ harmonic, respectively. Similarly, the harmonic sound
hi(t) in one frame can be represented as a sum of harmonic par-
tias
N
he(t) = Z & nCos(2mtnwy, 1+ ) , 2
n=1

where N is the number of harmonics.

The following section describes how the amplitudes & , can
be efficiently parametrized.

2.1. Mel-cepstral representation

MFCCs are one of the best features used for example in instru-
ment recognition. This suggest that the MFCCs represent the
most important information of sound spectra from human sound
perception point of view.[4]

As an input the algorithm takes amplitudes of every harmonic
component of sound in every frame. For each frame the algorithm
returns m cepstral coefficient where mis smaller than the number
of harmonic components.

The MFCCs are calculated using the following procedure:
Firstly, the amplitudes of the harmonic components are multiplied
using a frequency-dependent weights which simulate the response
of human auditory system. Secondly, afilterbank consisting of tri-
angular filters spaced uniformly across the Mel-frequency scale
[5] is simulated. Thirdly, the harmonic sum within each band is
calculated. This can be formulated by

N
m = z W(wn)Hj(wn) Ca, ©)]
n=1
where ny is the harmonic sum in thejth band, N is the number of
harmonic components, W(w) is the frequency-dependent weight
at frequency o H;(w) is the frequency response of thejth filter at
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Figure 1: First five cepstral coefficients of a bowed cello signal
as a function of time.

frequency w, w, is the frequency of n" harmonic component, and
a,, is the amplitude of the harmonic component. Discrete cosine
transform (DCT) is taken from my to get the cepstral coefficients

N
Crry (i) = Z mjcos%,\l—-[%—%. (4

i=1

Finally, the first M<N coefficients are selected to represent the
rough spectral shape. An example of the MFCCs of a bowed cello
areillustrated in Figure 1.

In the synthesis stage the MFCCs are transformed back to
amplitudes. This reverse operation can be done with the first M
coefficients. Inverse discrete cosine transform (IDCT) is taken
from the M cepstral coefficients to approximate the energies
within each band. The rest of the MFCCs are set to zero. The
energies of each band are being divided uniformly along each fre-
quency band. Finally, the effect of the auditory filter is compen-
sated by a division. This procedure maintains the rough shape of
spectrum and loses the details since the highest cepstral coeffi-
cients are discarded. In Figure 2 it can be seen that the generated
amplitude spectrum is quite similar compared with the origina
one though the number of cepstral coefficientsis only half of the
harmonic components.

2.2. Temporal representation

ADSR iswidely used in the sound synthesizers, but to our knowl-
edge it has not been used in audio coding. The ideais that a con-
tinuous curve can be simplified using a series of line segments.
The temporal evolution of a parameter is modeled with time/
amplitude pairs, caled start of attack, end of attack, start of
release and end of release. An example of ADSR slope is illus-
trated in Figure 3.

Naturally, a problem is estimating the time/amplitude pairs
from frame-wise amplitudes in a such manner that the sound syn-
thesized using the parametersis perceptually as close to the origi-
nal one as possible. The method proposed by Jensen [6] is used.
However, the representation proposed in this paper does not spec-
ify the estimation method, so any other method can be used as
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Figure 2: Original sound and sound generated from cepstral
coefficients at frames 1, 50 and 100 presented with solid,
dashed and dotted line, respectively.

well. Jensen’s method consists of finding the maximum of the
curve to be modeled, and then finding the first and the last timein
the curve where the value is above a constant percent of the maxi-
mum. Only the maximum value and the instants of time have to
be stored, since the rest of the values can be backtracked when
knowing the percents. The percents, which are fixed before esti-
mation, can be for example 10%, 90% and 70% so that the start of
attack time is the first time the amplitude is above 10% of maxi-
mum, the end of attack time isthe last time the amplitude is above
90%, the start of release is the last time the amplitude is above
70% and the end of release is the last time the amplitude is above
10% of the maximum [6]. An example of an original amplitude
slope and the corresponding ADSR slopeis plotted in Figure 3.

In the basic form of ADSR the continuous curve between
parameters is formed using linear or exponential pieces. A more
flexible way isto add one parameter per line segment which para-
metrizes the curve between exponential, linear and logarithmic
form. In our system, the parametrized curveis

1

C(X) = Vo+ (vy—vp)(1—(1-%)")". (5)
Vg is the starting point, v; is the ending point, X is time parameter
which is normalized between zero and one and n>0 is the adjusta-
ble parameter. When n is close to zero, the curve is exponential,
when nis one, the curve is linear and when n is greater than one,
the curve is logarithmic [6]. In our system, parameter n is found
by minimizing the least-square error between the original enve-
lope and syntesized curve. The effect of parameter nisillustrated
in Figure 4.
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Figure 3: Original amplitude slope of one harmonic component
and the estimated ADSR slope.
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Figure 4: The effect of parameter n on the shape of an
ADSR slope.

2.3. Combining MFCC and ADSR

The described representations are combined in the following way:
First, the MFCCs are calculated in each frame. Second, the tem-
poral evolution of each coefficient is represented using the ADSR.
Thus, instead of using the ADSR for the amplitudes the MFCCs
are further modeled using the ADSR, producing four time/
MFCC-pairs per each selected MFCC. It is assumed that for a
sound harmonic components of which are represented using
ADSR, the MFCCs can aso be represented using the ADSR. The
assumption was validated by listening to the signals that were
coded using both representations. An example of MFCCs repre-
sented with ADSR isillustrated in Figure 5. There we can see that
the rough shape of curve remains but the details are of course lost.

One problem when modeling MFCCs using the ADSR is that
unlike the amplitudes of sinusoids, MFCCs are not restricted to
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Figure 5: Two MFCC slopes and the corresponding ADSR
slopes.

non-negative values. In case of negative coefficients, the basic
ADSR can not be used. We have solved this by checking whether
the curve is positive or negative and in case of negative curve we
use the inverse ADSR instead. This is accomplished by simply
reflecting the ADSR dope to the other side of x-axis and then
finding the similar time/amplitude pairs as before. Otherwise the
same curve is modeled.

Both MFCCs and ADSR alone decrease the amount of data
but when used together, the compression rate is remarkably better.
The compression rate depends on how long the sound is in the
time domain. The longer the sound is the better compression rate
is achieved. This is due to the fact that the length of sound does
not affect the number of parameters needed to represent it because
ADSR uses afixed number of parameters.

3. APPLICATION TO OBJECT-BASED CODING

The proposed representation for harmonic sounds is used as a part
of an object-based coding system. The system has three represen-
tations for different components of sounds: harmonic components
are modeled using the proposed representation, short transient-
like bursts are modeled using a specific transient representation
and periodic components which do not fit to the harmonic model
are represented as individual sinusoids. The block diagram of the
harmonic part of the system isillustrated in Figure 6.

Harmonic sound objects are not restricted to be physical
objects which correspond to for example single notes played by
one instrument, nor to be perceptua objects which correspond to
sound events heard individually. The aim is to find the objects
using which a polyphonic music signal can be represented using
only a small humber of parameters while preserving the percep-
tual quality of the signal. However, it has been assumed that the
objectsin this efficient representation correspond closely to phys-
ical or perceptual sound events.

At first the frequencies at the harmonic components are esti-
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Figure 6: Block diagram of the harmonic part of the cod-
ing system.

mated using a multipitch estimator (MPE). As a MPE a method
which is based on enhanced summary autocorrelation function
(ESACF) is used [7]. To find out the frequency of the first har-
monics we simply take the highest peaks from the ESACF and
assume that these are clean harmonic sounds. Thereis a threshold
above which &l the peaks are taken with a restriction that the
maximum amount of fundamental frequencies in one frame is
fixed.

After the MPE, amplitudes and phases are estimated from the
signal spectrum for the estimated frequencies. If fundamental fre-
quencies in consecutive frames are the same or at least close to
one another, these sounds are combined to one sound object. If
one object is longer than six frames, the MFCC-ADSR method is
applied to represent the harmonic components of this object.

The harmonic components are synthesized and subtracted
from the original signal to obtain residual, from which transients
are estimated. Transients are broadband attack signals which can
not be efficiently modeled with sinusoidal modeling. Instead,
transform coding is applied to model transient parts of the
signal [8]. Finaly, sinusoidal analyses are applied to find out the
most significant individual sinusoids from the signal.

4. QUALITY EVALUATION

The system is tested to a monophonic signals only. As a quality
evaluators we used the Perceptua Audio Quality Measure
(PAQM) [9] and informal listening tests. One modification was
made to the PAQM algorithm to make it more suitable for com-
parison of single notes: scaling in three frequency ranges was
bypassed, because it gave too good results if the origina note had
a very little energy in some frequency band and the synthesized
note had significant distortion in that band.

In Table 1, the PAQM evaluations for some monophonic sig-
nals are presented. As can be seen, the different coding methods
does have an effect on PAQM values. Every stage of the process-
ing degrades the quality of sound. ADSR aone degrades the qual-
ity just alittle but on the other hand the effect is remarkable when
MFCCs are used. Furthermore the difference when using MFCCs
alone or MFCC+ADSR system is very small.

The informal listening tests also support the idea that sound
quality is lower when using MFCC or ADSR but the differenceis
however surprisingly small. Demonstrations of monophonic sig-
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Figure 7: Curves for the original amplitudes, cepstral coeffi-
cients, cepstral coefficients + ADSR and generated amplitudes.

0

nals are available at http://www.cs.tut.fi/~heln/demopage.html.

Also in Figure 7 it can be seen that every stage of sound
processing degrades the quality of signal. Especially the details of
sound are lost but the rough shape remains.

Table 1: PAQM values for monophonic signals

UNPROC- | MFCC/ | ADSR/ MFCC+
ESSED/ log(noise | log(noise | ADSR/
log(noise distur- distur- log(noise
distur- bance) bance) distur-
bance) bance)
CELLO -3.2 -2.0 -29 -19
GUITAR -51 -3.6 -4.5 -3.6
VIOLIN -1.0 -04 -11 -04
BASS -3.3 -2.7 -3.3 -3.0
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5. CONCLUSIONS

The proposed model aims at efficient representation of harmonic
sounds. The rough shape of spectrum is modeled using Mel-ceps-
tral coefficients, and their temporal evolution isfurther parameter-
ized using attack-decay-sustain-release-model. Algorithm for the
estimation of the parametersis explained. The proposed represen-
tation is used as a part of an audio-coding system. Qualitative
evaluations and informal listening tests show that the model
decreases the quality of sounds slightly but preserves perceptually
most important features.
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