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the residual. Therefore the bandwidth of the filter should be de-
termined with respect to the accuracy of the frequency estimation 
algorithm. 

The set of complex LF envelopes is subsequently encoded in 
the following way. First, all signals are subject to the MCLT trans-
form. The coefficients are appropriately scaled with application of 
the perceptual model, and quantized. A coefficient interleave 
process follows. An independent vector of coefficients is created 
for each of the groups of envelopes belonging to different har-
monic series. In each group the coefficient vector is constructed 
by taking consecutive coefficients one by one from each of the 
partials. In other words, first coefficient from the lowest partial is 
followed by the first coefficient from the second partial, and so on 
(fig. 5). Independent vectors are constructed from the real and 
imaginary coefficients. These are subject to subsequent entropy 
coding.  

4.2. Estimation, interpolation, tracking, grouping, and 
encoding of partial frequencies 

Estimation of sinusoidal frequency based on frame analysis 
usually assumes that the resulting value approximates the instan-
taneous frequency (IF) of given partial at the middle of analysis 
frame. The frequency values are transmitted to the decoder once 
per frame and should be interpolated on a sample basis for a con-
tinuous demodulation of sinusoidal partial. This is necessary in the 
encoder since the aim is to obtain the complex envelopes as nar-
rowband as possible in order to maximize the transform compres-
sion gain. It is also necessary in the decoder, in order to properly 
shift the reconstructed spectra back to the right place. 

The problem of appropriate frequency interpolation that mini-
mizes phase errors was studied with the development of the 
sinusoidal model, and a solution using cubic polynomial was pro-
posed [4,7,13]. We basically follow this interpolation scheme, but 
no significant penalty has been observed by application of a sim-
pler linear interpolation. In fact, phase matching is not necessary 
since the content is encoded in complex envelope. Our extended 

model is also quite insensitive to small frequency errors, since 
their only manifestation is in little increase of envelope bandwidth 
and transform coefficient values. 

Proper operation of the codec certainly depends on reliable 
tracking of the frequencies of sinusoidal partials. Big tracking 
errors such as those occurring in case of crossing sinusoidal trajec-
tories lead to audible artifacts (e.g. temporal discontinuities in 
tonal energy similar in timbre to the flanger effect). For robust 
tracking we employ a modified McAulay-Quatieri algorithm [4] 
with relaxed birth/death conditions and different matching criteria. 
Our matching technique aims at better smoothness of tracks, 
which is achieved by seeking for the best match among those 
frequency points in consecutive frame that minimize the second 
derivative of frequency. In our experience, such principle allows 
to some extent for coping with the problem of crossing tracks and 
deep frequency modulation. 
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Figure 6: The template used for detection of harmonic series 

A following procedure is employed for grouping of tracks into 
harmonic series. At first, candidate fundamental frequencies 

}ˆˆ,ˆ{ 21 Lfff K  are determined by correlating in frequency domain 
the magnitude spectrum resampled to log frequency scale with a 
constant-Q harmonic template (fig. 6). The idea is to exploit the 
property of shift in log domain being equivalent to scaling in lin-
ear domain, which is required to estimate the best matching of the 
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Figure 5: Coefficient interleave within one group of partials, and coding in sections 
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teners) for H=15kb/s and H=30kb/s. 
The general conclusion form the first test is that there is a sig-

nificant improvement of the subjective quality achieved thanks to 
more truthful reconstruction of the sinusoidal component of the 
signal. In fact, thanks to more accurate reconstruction of the de-
terministic part, also the noise residual is much better represented. 
Compared to traditional sinusoidal model, the output of our codec 
sounds more natural and is free from typical artifacts attributed to 
inappropriate sinusoidal parameters. 
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Figure 8: Subjective test results (MOS) for 6 items in  
7-point ITU scale. Positive values show a preference of 
the new model. Diamonds: 15kb/s, stars: 30kb/s. 

6. CONCLUSIONS 

A new approach for encoding of the deterministic part within a 
parametric audio coder is proposed in the paper. Our extended 
sinusoidal model uses complex envelopes to represent the narrow-
band spectral content around each encoded sinusoid. This content 
is encoded using transform coding. The proposed scheme may be 
considered as a hybrid of perceptual and transform coding. It may 
also be interpreted as an adaptive subband coding with subbands 
following the instantaneous frequencies of individual harmonics in 
the signal. The experimental results show that a combination of 
this model with an advanced transform coding technique featuring 
coefficient interleave offers a possibility of very low bit rate com-
pression with high quality of reconstructed audio. 
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