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Sinusoidal modelling forms the base of parametric audio coding Audio g{‘rgigg’n Selection Coding Bit-
systems, like MPEG-4 HILN, where it is combined with noise and Signal IoL I stream
k Sinusoids n Sinusoids

transient models. A parametric encoder decomposes the audio sig-
nal into components that are described by appropriate models and Fig. 1. General block diagram of encoder framework.
represented by model parameters. To achieve efficient coding at

very low bitrates, selection of the perceptually most relevant sig-

nal components (e.g. sinusoids) is essential, as only a limited ”“m'spectral envelope. The modelling of transient components is im-
ber of component parameters can be conveyed in the bitstream

Vari ias for si idal lection h b rﬁroved by optional parameters describing their temporal amplitude
arious strategies for sinusoidal component selection have beeny, q|one. Finally, the component parameters are quantised, coded,
proposed in the literature. This paper introduces a new, loudness-,

A - x >>"and multiplexed to form a bitstream. The target bitrate range of
ba_sed_ strategy ar_1d tries to compare the different strategies usingy N is approximately 6 to 16 kbit/s, and typically an audio band-
objective and subjective criteria. width of 8 kHz and a frame length (hop size) of 32 ms are used.
Inthe HILN decoder, the parameters of the components are de-
1. INTRODUCTION coded and then the component signals are re-synthesised accord-
ing to the transmitted parameters. By combining these signals, the
Parametric representations of speech and audio have long beeguytput signal of the HILN decoder is obtained. Sinusoidal com-
used for signal analysis/modification/synthesis and to achieve ef‘ponents continued from the previous frame (i.e. that are part of a
ficient coding. In general, parametric representations are based offonger trajectory) are synthesised using interpolation of frequency
a decomposition of the input signal into components that are de-and amplitude parameters to avoid phase discontinuities. For new
scribed by appropriate source models and represented by modef«horn”) sinusoids, usually the start phase parameters are not trans-
parameters. Sinusoidal modelling, i.e. a parametric representationmitted and random values are used instead.
that utilises only sinusoidal components [1], is very popular be-  Thjs paper is structured as follows: Secton 2 introduces the
cause probably most real-world audio signals are dominated by eyperimental setup and describes the different strategies for si-
tonal signal components. Equatign 1 shows how the input signal ysoidal component selection considered here, including a new,
x(t) is approximated by a set of sinusoids; with slowly vary- loudness-based strategy. In Sectipn 3, the performance of these
ing parameters for amplitude (¢) and frequencyf; () and astart  gyrategies is compared using objective and subjective criteria. The
phasep;. paper ends with an outlook and conclusions in Seddion 4.

~ . t
a(t) = Zl ai(t) - sin(pi + 27 [y fi(7) dr) (1) 2. COMPONENT SELECTION STRATEGIES
However, noise-like and transient signal components can not be ef-This paper focuses on the problem that only a limited number of si-
ficiently represented by sinusoidal modelling. Hence, a sinusoidal husoids can be transmitted in very low bitrate coding applications.
model is often combined with additional signal models for noise To compare different sinusoidal component selection strategies re-
and transients. Overviews of such hybrid models can be found e.g.quired to address this problem, the fast HILN encoder presented
in[2,3]. in [6] was used as framework. For this purpose, the noise and
For the experiments reported in this paper, the MPEG-4 para- harmonic tone components as well as the optional temporal en-
metric audio coder HILN (“Harmonic and Individual Lines plus velopes for transients were disabled. The encoder uses “Matching
Noise”) was used as a framewoik [4, 5]. Pursuit’-based extraction of sinusoidal components [7], followed
In the HILN encoder, the input signal is decomposed into dif- by a psychoacoustic component selection and finally the quantisa-
ferent signal components and then the model parameters for thdion and coding block, as outlined in Figuie 1.
components are estimatebhdividual sinusoidsare described by If only n out of k£ extracted sinusoids can be transmitted, the
their frequencies and amplitudesharmonic tonds described by ideal component selection would be the one with smallest impact
its fundamental frequency, amplitude, and the spectral envelope ofon the perceived sound. The following subsections describe differ-
its partials, and anoisesignal is described by its amplitude and ent strategies for this component selection.
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2.1. Strategy SNR (8 N=7.58sone

— 25 T T T
The Matching Pursuit sinusoid extraction used in the first block of E 2t 1
Figure[l is a greedy algorithm that iteratively extracts sinusoids 3 15¢ 1
from the current frame of the input signal in order to minimise 2 Oé I | | i
the energy of the residual, i.e. maximise the SNR (signal-to-noise z 7, . .
ratio) of the approximation. Hence, sinusoids are extracted in the 0 5 10 15 20
order of decreasing amplitudes, i.e. the sinusoids with the highest z [Bark]
amplitude is extracted first. To reduce computational complexity, () N=3.99sone () N=4.50sone (d) N =4.01sone
the Matching Pursuit is implemented in the frequency domniain [6]. N 2F T 3 P S —
A sampling rate of 16 kHz, a window length of 64 ms and a hop 1r A a 1r /& 1 1r j\
size of 32 ms are used for all experiments. Sincektiextracted 10 20 Y0 102 %o 10 2
sinusoids are already ordered according to the SNR strategy, the
selection ofz sinusoids is simply done by taking the firsentries (€) N=621sone () N=659sone (g) N =5.90sone
of the ordered list of alk extracted sinusoids. 2F 1 2F 0 2F

I G N

0 10 20 0 10 20 0 10 20

2.2. Strategy SMR Fig. 2. LoudnessV and specific loudness’ (z) for combinations

. con 6 o of 3 sinusoids (f = 1000/1250/1500 Hz, L = 60/62/60 dB).
For this strategy(]8], first the masked threshalii (/) describing

the simultaneous masking]11] caused bykadixtracted sinusoids
is calculated using a parametric psthoacoustic model. '_I'his ap-2 5. Strategy LOUD
proach allows more accurate modelling &fi, (f) than possible
with an FFT-based psychoacoustic model as known from MPEG- Inspired by the ESW strategy, the new selection strategy LOUD is
1/2 audio coding. The sinusoids are then re-ordered according toproposed here, which tries to improve perceptual similarity even
their SMR (signal-to-mask ratio) so that the sinusoidith maxi- more. It uses the specific loudnea(z) in sone/Bark instead
muma; /My (f;) is selected first, etc. of excitation levelLg(z) in dB. Both N’(z) and Lg(z) are non-
linear functions of the excitatioR'(z). Strategy LOUD results in
a selection procedure that iteratively maximises the loudhess
2.3. Strategy HILN sone
During the development of HILN, a different masking-based strat- N /24 Bark N'(2) de 3)
egy was used in the encodér [9]. Itis an iterative algorithm where 0
in the j-th step the sinusoid with maximum /M;_1(f;) is se- . . . . .
lected, i.e. the one which is highest above the masked thresholdhat i associated with theselected sinusoids.
M;_1(f) caused by thg — 1 sinusoids that were already selected
in the previous steps. The iteration is started with the threshold in 2.6. Strategy LREV

quiet My (f). This can be considered as an algorithm to re-order . . . .
the list of extracted sinusoids. Please note that, although this strat-AII selection strategies discussed until now make used of greedy

egy is denoted as HILN here, an HILN encoder could of course re-ordering algorithms that start with the selection of the most rel-

. ’ . . evant component. However, since the masking- and excitation-
employ any of the selection strategies discussed here. b . - i i i i

ased selection strategies utilise non-linear and non-orthogonal qual
ity measures, the greedy approach can lead to sub-optimal results.
This can be illustrated using the example shown in Fijure 2, where
2.4. Strategy ESW k=3 sinusoidal components at 1000 Hz, 1250 Hz, and 1500 Hz are
This strategy was introduced in{10] and is named Excitation Simi- considered (a). Both the loudness-based strategy LOUD and sub-
larity Weighting (ESW). It tries to maximise the matching between Jective assessment indicate that choosing the sinusoids at 1000 Hz
the auditory excitation pattern{11] associated with the original sig- @1d 1500 Hz (f) is the optimum selection fer2. All greedy re-
nal and the auditory excitation pattern associated with the selectecPrdering algorithms presented here, however, would select the si-
sinusoids. For the experiments reported here, the set éfett ~ nusoid at 1250 Hz as first component, leaving only the sub-optimal
tracted sinusoids was regarded as the original signal. To measurélternatives (e) and (g) for=2. One approach to this problem is
the similarity of the excitation patterns, the difference between the t0 reverse the “direction” of the re-ordering procedures by starting
excitation levels in dB of the original and the selected sinusoids from the full set ofk sinusoids and iteratively de-selecting those
is accumulated along the basilar membrane. In each step of thiscomponents that considered of lowest relevance. Strategy LREV
iterative procedure, the sinusoid is selected which results in the Uses this reversed selection procedure applied to the loudness mea-
best improvement in similarity. The procedure is equivalent to an SureN.
iterative maximisation of the overall excitation levgksy in dB
2.7. Strategy LOPT

Qesw = /24 park Li(2)dz @) It should be obvious that also LREV is a greedy algorithm. To as-
0 sess the sub-optimality of both strategies LOUD and LREYV, a full
search to find the best subsetrokinusoids that gives the high-
whereLzg(z) is the excitation level in dB at critical-band rate est loudnes$v was implemented as reference and is referred to as



— 12 F _ Strategy || avg. loudness| avg. diff. max diff.
g 0L 1 S Ns Ns — Niopr | Ns — Niopt
% SNR 10.833sonel -0.628 sone| -5.979 sone
3 8 7 SMR 11.269 sonel -0.192 sone| -4.593 sone
o 6 | LREV —x— | HILN 11.267 sonel -0.194 sone| -4.006 sone
§ LOUD —x— ESW 11.415sone] -0.046 sone| -0.925 sone
e 47 - LOUD 11.459sone| -0.003 sone| -0.395 sone
2 2+t SMR —6— 4 LREV 11.460 sone| -0.001 sone| -0.237 sone
© SNR —e—

0 L I I I I I I I [ LOPT [ 11.461song  0.000 sone[  0.000 sone]

0 2 4 6 8 10 12 14 16 [ all16 [ 12.303song 0.842sonel  5.570 sone€]
# selected sinusoids (n out of k=16)
0 x Table 1. Average loudnesd’s achieved by different strategiés

for selection ofn=8 out of k=16 sinusoids.

LREV means that extremely complex full search of LOPT gives only very

avg. Ng — N opt [SONE]
|
o
N

-0.6 - LOUD —— - little additional benefit. As expected, ESW behaves quite similar
V- to LOUD; only for small values of,, differences in the achieved

-08 SMR —o— | loudnessV are observed. The masking-based strategies SMR and
| SNR —e— HILN perform almost identical fom=7..16, but not as good as

the excitation-based strategies LOUD and ESW. It is interesting
to observe that SMR shows the worst performance of all strate-
gies forn=1..4. Strategy SNR shows the worst performance of all

0 2 4 6 8 10 12 14 16
# selected sinusoids (n out of k=16)

Fig. 3. Average loudnes®Vs and loudness differencds — strategies fon5..16. Please note that the vanishing differences in
N_opT achieved by different strategiésfor selection ofn out of performance whem reaches:=16 are inherently caused by the
k=16 sinusoids. experimental setup, i.e. theout of k£ selection.

To illustrate the differences between the selection strategies
discussed here, Figufe 4 show the seleetetlO sinusoids out of

strategy LOPT here. However, the computational complexity of =40 extracted sinusoids for one frame of a pop music item with
the this search i§)(2*), which becomes prohibitive for values of vocals. The re-ordered ranking is indicated by the labels 1..10 and
k above approximately 20. In addition, LOPT does not lead to a the original spectrum as well as the masked threshold caused by
simple re-ordering of the list of sinusoids, as indicated in the ex- the selected sinusoids are included in the graphs.
ample in Figure]2. Hence it can not be easily combined with the To allow subjective assessment of the different selection strate-
bit allocation strategies typically employed in the quantisation and gies, they were implemented in the HILN coder framework. Vari-
coding block in Figurg]1, as these often iteratively choesich ous test items were encoded at a bitrate of 6 kbit/s, i.e. using about
that a given bit budget per frame is not exceeded. 10 to 20 sinusoids per frame, and coding of the noise component
was enabled. An informal listening test indicates that the strategy
SNR results in a lower quality than all other strategies. However,
the differences in subjective quality between the other strategies

. . . are fairly subtle and probably would show no statistically signifi-
To compare the performance of the selection strategies described.5 grading differences in a formal listening test.

in Section[R, they were applied to a set of 12 speech and music

items (total duration 141 s) which was also used throughout the

MPEG-4 Audio core experiment procedure. Due to the lack of a 4. CONCLUSIONS

simple, well-established perceptual similarity measure, an objec-

tive comparison is not easy. However, since most systems for theln this paper, a strategy for component selection in a sinusoidal
objective measurement of perceived audio quality, liké [12], inter- coder was introduced that tries to find the subset of the extracted
nally utilise modelling of excitation patterns, the loudness measure sinusoids that is perceptually most similar to complete set of ex-
described in SubsectigiR.5 seems to be suitable for this purposetracted sinusoids by approximating the auditory excitation pattern,
Hence, the full search strategy LOPT is considered as referenceusing loudness difference as similarity measure. It was found that
here. To make the comparison computationally feasible, the se-a full search for the optimal subset provides almost no improve-
lection of n=1..16 sinusoids out of=16 sinusoids extracted by = ment over the greedy re-ordering algorithms normally used. The
the Matching Pursuit was assessed. Fidlire 3 shows the averagibudness-based strategy is similar to another excitation-similarity-
loudnessNs and loudness differenc®s — N_opt achieved by based strategy (ESW) introduced inl[10]. While competitive oth-

3. RESULTS

different strategie$. Table[l gives the numerical values for8, erwise, masking-based strategies like SMR achieve lower perfor-
including the maximum value of the loudness differeri¢e — mance according to the loudness difference measure for a low
N\ opr for all frames of the items. number of selected sinusoids. Strategy SNR, which minimises the

It can be seen from Figug 3 that LOUD and LREV perform mean square error of the residual, achieves lowest performance
almost equal to LOPT, with a slight advantage for LREV. This according to both the loudness difference measure and subjective
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Fig. 4. (a) 40 sinusoids selected by strategy SNR (i.e. original ordering from Matching Pursuit, first 10 sinusoids labelled); (b) 10 out of 40
sinusoids selected by SMR; (c) 10 out of 40 sinusoids selected HILN; (d) 10 out of 40 sinusoids selected ESW; (e) 10 out of 40 sinusoids
selected by LOUD and LREYV; (f) 10 out of 20 sinusoids selected by LOPT (labels show rank in original ordering from Matching Pursuit).

assessment. This indicates that loudness-based similarity measure
can be appropriate for the applications considered here.

In the experiments reported in this paper, the component se- [g]
lection was carried out for each frame independently. For a sinu-
soid that is part of a trajectory continuing over several frames, this
can lead to an annoying unsteadiness if it is selected only inter-
mittently. In [[3], a strategy for selection of trajectories depend- [7]
ing upon their duration and SMR was successfully utilised. Since
models for the temporal effects of loudness summation are also
known [T1], the loudness-based selection strategy can be extended
to rank the relevance of complete sinusoidal trajectories. (8]
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