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ABSTRACT

In this paper we present a technique for lossless compressio
of the sinusoidal modeling parameters. Compression iseithde
useful for embedding spectral sounds in a synthesizerdbest-
ing spectral sounds or simply storing many of them on a medium

This technique consists in compressing the frequency and am
plitude parameters of each partial by adaptively sub-seaggind
encoding their evolutions with time. It can be easily exthtb
handle spectral envelopes instead of partials, that isdiwen-
sional structures instead of one-dimensional ones.

We have also designed a very compact file format for (com-
pressed) spectral sounds based on this compression scheme.

1. INTRODUCTION
Spectral models provide general representations of sawwdich
many audio effects can be performed in a very natural and-musi
cally expressive way. Based on additive synthesis, thejago@a
deterministic part consisting of a — often huge — number dfaa,
which are pseudo-sinusoidal tracks for which frequenaiesaam-
plitudes evolve slowly with time. The spectral modelinggrae-
ters of this deterministic part consist of the evolutiongiime of
the controls of the partials, thus leading to a large amofidata.

In this paper we present a technique for lossless compressio
of these sinusoidal modeling parameters. This technignéwa
out to be very useful for analysis / synthesis programs dgalith
spectral modeling. Section 2 clarifies the spectral modesich
ered here, while Section 3 explains the compression teabrfiy
the model parameters. Finally, Section 4 presents somesitileg
improvements that can be made to the compression method.

2. SINUSOIDAL MODELING

The phase vocoder [1] uses the short-time Fourier transform
produce series of short-term spectra taken on successidawed
temporal frames. The McAulay-Quatieri analysis [2] looksoss
these short-term spectra for partials. These partials seado-
sinusoidal tracks for which frequencies and amplitudey stowly
over time. The audio signal can be calculated from the additive
parameters using equations:

a(t) > ap(t) cos(9y(t)) @)

bo(t) = ¢p(0)+2m / fo(u) du @

whereP is the number of partials and the functiofys a,, ande,
are the instantaneous frequency, amplitude, and phase pftth
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partial, respectively. Th& pairs(f,, ap) are the parameters of the
sinusoidal model and represent at titnpoints in the frequency-
amplitude plane. This representation is used in many aisalys
synthesis programs such as Lemur [3], SMS [4, 5], S+T+N [6, 7]
as well as ouinSpec(8, 9] free software package.

Inthe remainder of this paper we focus on the sinusoidal inode
described above, thus leaving aside noise as well as traasiss
a consequence, the following method is a lossless compressi
scheme for the parameters of sounds within this sinusoiddiei
and not for any kind of sounds.

3. COMPRESSING THE PARAMETERS

Grey [10] demonstrated that for many natural sounds thetifome

fp anda,, could be simplified by piecewise-linear approximations
with great data reduction by keeping only some breakpoims i
stead of every discrete value of the (sampled) functiondadh
even if the consequences of this simplification are oftennuat
ticeable, they can become very audible after some transtions
have been performed on the sound. Moreover, this simplidica
ill-suited for sounds with vibrato or tremolo (see Figure Sjrawn
[11] also proposed to approximate the frequency and andglitu
functions of the partials. Charbonneau presents in [12{idysof
the perceptual effects of these data reductions on the ¢iitthe
sounds. The compression scheme we propose in this section is
lossless compression. We consider the frequency and agplit
functions of the partials as continuous-time control signa

3.1. Sub-Sampling

The frequencies and amplitudes of the partials are slow-tiang-
ing parameters, slow enough to avoid amplitude or frequermy-
ulation phenomena that would modify the timbre. They canegde r
garded as inaudible signals controlling audible oscdlai They
are indeed band-limited signals, with a maximal frequeRdye-
low the threshold of hearing, around 20 Hz. The Shannon-isyqu
theorem assures thaF — only 40 here — samples per second are
sufficient for the signal to be reconstructed without anperfhe
evolutions in time of the frequencies and amplitudes ofredipar-
tials can be safely sub-sampled. For that purpose, we useeaige
resampling algorithm such as the one presented in [13].

3.2. Encoding

After the resampling of the parameters, an encoding pros&s-
formed in three steps on each parameter (frequency andtad®li
of every partial of the sound.
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(a) Frequencies

(b) Amplitudes

Figure 1: Frequencies and amplitudes of the partials of an alto
saxophone as functions of time (horizontal axis), duringdosd.

3.2.1. Delta-Encoding

First, delta encoding consists in replacing the stream cdirpe-
ter samples by the one resulting from the differences betwee
consecutive samples, close samples leading to smalleliftes:

V1,02, " ,Un —>1)1,(U2 _01)7"' )(v" _vnfl)

3.2.2. Variable-Length Quantities (VLQ)

Then, variable-length quantities — also used in MIDI filed][%
allow us to store each delta-encoded value with a reducedeum
of bits. Each value is stored as a series of bytes which igaall
a variable-length quantity. Only the first 7 bits of each bate
significant. So, if we have a value requiring more than 7 bits,
have to unpack it into a series of 7-bit bytes. Of course, we wi

[ size (in Kbytes)[| sine | voice | saxophone| trumpet |

temporal 86 127 246 3190
spectral 11 | 1077 1137 13134
resampled <1 | 270 284 3284
Delta <1l | 135 142 1642
VLQ <1 30 30 660
RLE <1 12 15 589
[ spectral(zip) | 9 | 753 | 1051 | 10449 |

Table 1:Some results using our compression method. The last line
gives the performance of the Lempel-Ziv method (zip files).

all of the preceding bytes, we set bit 7. So, if the value isveen
0 and 127, it can be represented as one byte. More genef iy, i
value is betweea™ and2”*+1) _ 1, k bytes are required for its
corresponding variable-length quantity.

3.2.3. Run-Length Encoding (RLE)

Finally, a classic run-length encoding algorithm is used¢dm-
press the sequences of consecutive samples with the sauge val
Run-length encoding stands for the specification of elemigna
list as a list of pairs giving the element and number of tines+
cursin arun. This is a well-known technique widely used irhma
ematics and computer science. Here is an example of rutkeng
encoding:

1,1,1,2,3,3,4,4,4,4,4 — (1,3),(2,1),(3,2), (4,5)
This technique allows us to compress the list of values wiame
consecutive values are the same.

3.3. Results

Concerning the compression ratio, the alto saxophone Suanig
shown in Figure 1 last8.85 seconds and was sampled at 44100
Hz. As a consequence, its time-domain representation (iexhp
model) using 16-bit quantization consists of 246 Kbytes. eéWh
the spectral analysis is done each 64 samples, this soues! ipe

to an SDIF file of 1137 Kbytes (using sinusoidal tracks with 64
bit floating point values). After the resampling and delteading
steps, its size is only 284 Kbytes. After the VLQ step, thiesi
drops to 30 Kbytes. At the end, after the RLE step, it is only 15
Kbytes. In this case there islg75 ratio from the SDIF informa-
tion. Other examples can be found in Table 1. Moreover, wa/sho
that the well-known Lempel-Ziv method — used for exampléhim t
zip compression — performs poorly on the spectral data.

3.4. FileFormat

The resulting structures are not suited for implementaitiothe
Sound Description Interchange Format (SDIF) [15, 16, 1Rjcv
is overall a succession of frames ordered in time. This is¢hson
why we have designed a new file format for (compressed) spectr
sounds. This format is currently used in tlESpectanalysis tool
[8, 9] as the MSC format.

The detailed description of the MSC format can be found in

have a variable number of bytes depending upon our value. Tothe sources ofnSpect For short, this format is composed of a

indicate which is the last byte of the series, we leave bigarlin

header followed by the compressed partials. Each partia@ists
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header
partial start
length
array
(frequency) base
delta
array
(amplitude) value
partial
value

Figure 2:The hierarchical structure of the MSC file format.

of two values (start and length) followed by two compressed a
rays, one for the frequency and the other for the amplitudbef
partial. Each compressed array is composed of the streami-of v
ues of the down-sampled evolutions of the considered paesok
the partial. The first sample is called the “base”, and theliande

of the variations is called the “delta”. In fact, the values) (are
stored relatively to the base and normalized accordingealéita,
that is(v; — basg/delta, encoded as integers using variable-length
guantities (see above).

4. COMPRESSION ENHANCEMENT

It is possible to enhance this basic compression scheme.

4.1. Adaptive Sub-Sampling

First, itis possible to enhance the compression ratio bfppaing
an adaptive sub-sampling, that is by choosing the minimal-sa
pling rate allowed for the parametefs anda, of each partiap
instead of fixing an unique sampling rate for all the partilgng
the resampling step.

4.2. Interdependent Parameters

It is also possible to enhance the compression ratio by gekih
vantage of the potential interdependence of the parameters

4.2.1. Pseudo-Harmonic Sounds

For pseudo-harmonic sounds like in Figure 1(a), we use tbherkn
edge that the frequencies are close to multiples of the fuedéal
frequency. We store only the ratios to this frequency, widioh
close to integers.

4.2.2. Analysis of Partials Evolutions

Such relations among partials can also exist for their o,
as in Figure 1(b), and can be found out by analyzing the pasmse
themselves and comparing the results among partials.

Performing a spectral analysis on the parameters of the par-

tials is of great interest too. More formally, we consider thassic
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Figure 3: The amplitudes of the first three partials of an alto sax-
ophone ¢,, 1 < p < 3) as functions of time (horizontal axis),
decomposed here as macroscopic envelopgsd) and residual
microscopic variations. From top to bottom are the amplgud
functionsa,,, the associated macroscopic envelopgs o, and the
residual microscopic variations. As a consequence, thadie is
separated from the envelopes. This tremolo is coded irfihe
anda,,,1 parameters. Since the frequency of the tremolo is the
same for the three partials, thg,, 1 (1 < p < 3) values are
indeed very similar.

sinusoidal model as defined in Equations 1 and 2. Since the am-

plitude and frequency of each partial can be considered Bd-ba
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limited signals, we now decompose them within a similar sinu
soidal model. More formally:

{ ap(£) = Gy 0(8) + S0 Gy (1) OS($ay (1)) "
Bapon(t) = Pap,n(0) + 27 [ fap.n(u) du
and
{ Fol)) = ag, 0(t) + n2, agy n(t) cos(ds,.n(t)) “
Gty (t) = 1,0 (0) + 2 [ fr, n(u) du

wherea,, o anday, o are extremely slow time-varying functions,
band-limited to a frequency much lower than the smallgst,
and fy, o frequencies, in practice a few Hz. Thesg, o oray, o
parameters define the macroscopic variations in, respbgtam-
plitude or frequency — that is the “envelopes” — whereas thero
parameters (fon > 0) reflect the microscopic variations. This
decomposition is illustrated in Figure 3.

By performing a spectral analysis, we can extract from each

amplitude or frequency parameter of each partial an eneciop
gether with pseudo-partial§f.,,n, @a,,n) OF (ff,.n, a5, n) (for
n > 0), respectively, that are in fact the evolutions of the speéct
parameters resulting from the reanalysis of the paraméttreo
partial. Thus the analysis of the evolutions of the partiassilts in
other (pseudo) partials, very slow-time varying.

In this further analysis level we can find similarities among
the parameters. For example, a sound with tremolo or vilwito
show such similarities among the partials. It is possiblesthice

(3]

(4]

(5]

[6] Tony S. Verma and Teresa H.Y. Meng,

Kelly Fitz and Lippold Haken, “Sinusoidal Modeling and
Manipulation Using Lemur,"Computer Music Journalol.
20, no. 4, pp. 44-59, 1996.

Xavier Serra and Julius O. Smith, “Spectral Modeling Syn
thesis: A Sound Analysis / Synthesis System Based on a De-
terministic plus Stochastic DecompositiorComputer Mu-

sic Journal vol. 14, no. 4, pp. 12-24, 1990.

Xavier Serra, Musical Signal Processingchapter Musi-
cal Sound Modeling with Sinusoids plus Noise, pp. 91-122,
Swets & Zeitlinger, Lisse, the Netherlands, 1997.

“An Analysis /
Synthesis Tool for Transient Signals that Allows a Flexible
Sines+Transients+Noise Model for Audio,” Rroceedings
IEEE ICASSPMay 1998.

[7] Tony S. Verma and Teresa H.Y. Meng, “Time Scale Mod-

(8]

(9]

(10]

the amount of data needed to represent a sound by sharirgy thes[ll]

redundant informations.

5. CONCLUSION

We perform lossless compression with impressive ratiosthed

file format we have designed is very compact. It has proven to

(12]

be very useful for analysis / synthesis programs based om spe [13]

tral modeling. Even if we have not investigated it yet, weidyad
that our technique could be used for lossy but perceptuadig-|
less compression [18], using quantization and taking adganof
psycho-acoustical phenomena such as masking [19] to retace
number of partials to be stored.
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