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(54) A method for estimating signal coding parameters

(57) A method for estimating coding parameters of a
predictive filter model of a digital signal, in particular
speech signal, comprises:�
receiving a segment of said signal;�
computing the spectrum of said segment;�
estimating the background noise in said segment; and

estimating the fundamental frequency in said segment;�
computing a spectral mask on the basis of said back-
ground noise and said fundamental frequency; and
determining those coding parameters that substantially
minimize a cost function which is based on said spectrum,
said spectral mask and said predictive filter model.
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Description

�[0001] The present invention relates to an improved technique for encoding a digital signal, in particular a speech
signal. More specifically, the invention concerns a method for estimating coding parameters of a predictive filter model
of a digital signal according to the preamble of claim 1.
�[0002] A widely-�used technique for speech coding is the so-�called Linear Predictive Coding (LPC). Said technique
computes the parameters of an autoregressive filter from the time samples of a digital speech signal. The computation
of those parameters is well- �known to those of ordinary skill in the field of the present invention. An example of such
computation is found in ITU- �T Recommendation G. �722.2, "Wideband coding of speech at around 16 kbit/s using adaptive
multi- �rate wideband (AMR- �WB)", Geneva 2002. Most of the commercial speech coders such as the LPC Vocoder, the
Coded-�Excited Linear Predictive Coding (CELP), and its posterior variants (ACELP, VSELP), among many others, rely
on the LPC technique.
�[0003] In general, the LPC technique is founded on the minimization of the energy of the prediction error e �[n] 

where x �[n] is a windowed segment of the input digital signal, am are the linear prediction coefficients and M is the model
order. In the later decoding, i.e. synthesis stage, the signal is re-�generated on the basis of these coefficients input to the
synthesis equivalent of the predictive filter model, which synthesis equivalent is defined by the transfer function 

�[0004] The energy of said prediction error can be formulated, by using Parseval’s relation, in the frequency domain
as a cost function 

with X�(ω) being the spectral transformation of the signal segment x �[n].
�[0005] According to the mentioned equivalence between time and frequency, the solution delivered by the LPC tech-
nique is thus equivalent to the linear prediction coefficients that make cost function E minimal.
�[0006] Speech coders based on the LPC technique are known to deliver coded speech of acceptable but moderate
quality. Furthermore, the performance of automatic speech recognition systems drops notably when fed with said coded
signal instead of the raw signal. The author of the present invention found out that although a predictive filter model is
adequate for describing the physical production of speech, the LPC technique is unable to obtain the parameters of said
model with enough accuracy.
�[0007] It is therefore an object of the invention to determine coding parameters for digital signals, in particular speech
signals, with improved accuracy.
�[0008] This object is achieved by means of a method for estimating coding parameters of a predictive filter model of
a digital signal, in particular speech signal, comprising:�

receiving a segment of said signal;
computing the spectrum of said segment;
estimating the background noise in said segment; and
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estimating the fundamental frequency in said segment;

which method is characterized by the steps of:�

computing a spectral mask on the basis of said background noise and said fundamental frequency; and
determining those coding parameters that substantially minimize a cost function which is based on said spectrum,
said spectral mask and said predictive filter model.

�[0009] In the present disclosure the term "substantially minimizing" is intended to comprise both, making the cost
function minimal as well as making the cost function at least a sufficiently low value, i.e. a value within a given or
acceptable tolerance interval from that minimum.
�[0010] Thus, the proposed coding of each signal segment comprises two main processing steps: on the one hand,
the computation of a spectral mask that weights the relevance of each spectral sample of said segment spectrum,
wherein the relevance is determined on the basis of the fundamental frequency of the speech utterance and the spectral
characteristics of the noise in the segment, and on the other hand the computation of the coding parameters that make
a specific cost function minimal, or at least an appropriate level, where said cost function is built with said segment
spectrum, said spectral mask and the parametric filter model.
�[0011] The invention is based on the insight that not all spectral samples in an input spectrum necessarily contain
valuable information for the estimation of linear prediction coefficients: for instance, the spectrum of voiced speech
utterances contains only valuable information at harmonic frequencies, and in the presence of background noise the
spectrum of the speech can be corrupted at certain frequency components if its level is lower than that of the noise at
said components.
�[0012] In contrast to conventional LPC techniques which are severely affected by these effects, the novel frequency-
selective approach of the invention increases the coding precision and efficiency, especially in the case of voiced
utterances and/or of noise- �corrupted signal segments. The method of the invention computes the speech coding pa-
rameters on the basis of the spectrum of the signal segment, where said parameters are related to the popular speech
formation model, with significantly improved accuracy.
�[0013] The method of the invention can replace e.g. the LPC technique in those speech/�audio coders that operate
with said technique. The invention can also be used in speech/�audio coders that do not operate with said LPC technique,
such as Harmonic Coders and Hybrid Coders.
�[0014] Apart therefrom, the improved accuracy of the estimation of the coding parameters also implies a more accurate
estimation of the spectral energy. Thus, the present invention can be used in automatic speech recognition systems
also in such a way that spectral-�like features can be drawn directly from the estimated filter model and gain level instead
of from the signal spectrum.
�[0015] In a preferred embodiment of the invention said coding parameters are the gain level and the filter coefficients
of said predictive filter model.
�[0016] In a particular preferred embodiment said cost function is 

with

X�(ω) being said spectrum,
α�(ω) being said spectral mask,
η being said gain level, and
H�(ω) being the transfer function, based on said filter coefficients, of the synthesis equivalent of the predictive filter
model.

�[0017] This new approach of cost function minimization is on the one hand a processing task which is readily feasible
with state- �of-�the-�art processing hardware and/or software, and on the other hand ensures the estimation of coding
parameters with remarkable improved accuracy.
�[0018] According to a further preferred feature of the invention said spectral mask is chosen as
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with ω0 being said fundamental frequency and ρ �(ω) being a noise mask based on said background noise. In particular,
said noise mask is preferably 

with X�(ω) being said spectrum and N�(ω) being the power spectrum of said background noise.
�[0019] The step of minimizing said cost function can be performed by means of any suitable algorithm of the art;
preferably, a multivariate Newton- �Raphson algorithm is used.
�[0020] In general, the coding parameters determined according to present invention can be translated into any pa-
rameterization which are needed for the subsequent decoding, i.e. synthesis stage. Particularly, it is preferred that said
predictive filter model is defined by its synthesis equivalent being a parametric all-�pole filter model, an autoregressive
coefficients filter (ARC) model, a reflection coefficients filter (RC) model, and/or a line spectral frequencies (LSF) model
using the coding parameters determined.
�[0021] Further details and advantages of the invention will become apparent from the appended claims and the
following detailed description of a preferred embodiment under reference to the enclosed drawings in which

Fig. 1 illustrates the analysis stage of a simplified generic speech/�audio coder containing the method for computing
the parameters of the speech production model in accordance with the present invention, and
Figs. 2a- �d show the superior performance obtained with the present invention in an example scenario.

�[0022] From the field of bioacoustics it is known that the biological hearing sense responds to the logarithm of the
sound intensity. The invention is based on the insight that this bioacoustic principle of logarithmic sense can be introduced
into a maximum-�likelihood (ML) correspondence according to equations (1) to (3) between the spectral samples X�(ω)
and the synthesis part H�(ω) of the prediction filter model, resulting in 

where ε �(ω) is the spectral residue defined as 

α (ω) being a spectral mask and P�[] denoting the probability density function (PDF).
�[0023] Given that the spectral samples X �(ω) are commonly characterized by a Gaussian random variable, the PDF
of the logarithmic residual is 

�[0024] According to the maximum likelihood criterion (4), the ML functional can now be set up as the following cost
function:�
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�[0025] The spectral mask α �(ω) plays a vital role in the cost function ML in that it contains for each frequency a value
that weights the relevance of the spectral sample at said frequency.
�[0026] The gain level η and the parameters am that define the synthesis filter H�(ω) correspond to the parametric
degrees of freedom of the cost function ML. As will be apparent for one skilled in the art, any reference in this disclosure
to the cost function ML also comprises any mathematically or technically equivalent expression of equation (7), e.g. a
cost function differing from equation (7) in an additive term that does not depend on said parametric degrees of freedom.
�[0027] Fig. 1 shows in the form of a block diagram an analysis stage 100 of a speech coder that uses the method of
the present invention. A signal segmentation block 10 performs the usual segmentation of an input digital signal x into
segments, generally denoted by x �[n]. A spectral transformation block 20 performs the spectral transformation of said
segment. Block 20 performs e.g. a Discrete Fourier Transform, Discrete Sinus Transform and/or a Fan-�Chirp Transform,
among other popular choices.
�[0028] A spectral mask block 30 performs the computation of the spectral mask α �(ω). The segment x �[n] is assumed
to be corrupted by background noise whose spectral characteristics are described by the power spectrum N�(ω). Fur-
thermore said segment may contain a speech utterance of "voiced" nature, with fundamental frequency ω0 (in case of
"unvoiced" speech utterances, the fundamental frequency is considered zero or very low). Therefore, by making use of
the frequency-�selective properties of cost function ML, the spectral mask is computed by block 30 as 

where δ�(ω) is the "Dirac delta" function, and ρ�(ω) is the noise mask computed as 

�[0029] The goal of said spectral mask is two- �fold: on the one hand to disable those spectral samples of the segment
spectrum that are sensibly corrupted by noise, and on the other hand to discard the spectral samples that do not
correspond to harmonic frequencies. Said harmonic frequencies point out to the high-�energy spectral peaks that delineate
the spectral envelope of the speech utterance.
�[0030] The estimation of the power spectrum N�(ω) is carried out by a noise estimation block 35 according to known
ad-�hoc techniques, such as a Kalman filter estimation, et cet. The estimation of the fundamental frequency ω0 is carried
out by a pitch analysis block 40 according to known ad-�hoc methods, e.g. peak detection of the autocorrelation of the
segment, et cet.
�[0031] A cost function minimization block 50 carries out the computation of the gain level η and parameters am as
coding parameters of the filter model that make cost function ML minimal, or at least below a predetermined level. This
minimization task is a readily feasible computer programming task. A possible choice for the implementation of the
minimization task is the multivariate Newton-�Raphson algorithm.
�[0032] The output parameters of the speech coder analysis stage 100 are the gain level η, the parameters am of the
predictive filter, and - if desired - the pitch of the excitation ω0 which can be taken from the output of block 40. Said
parameters correspond to the output of the analysis stage of conventional speech coders e.g. relying on the LPC
technique. Therefore, the method of the present invention can supersede the LPC technique in said coders.
�[0033] Although all processors of the analysis stage 100 operate with time-�discrete and frequency-�discrete samples,
for the sake of clarity the mathematical description of the invention has been given in continuous frequency. One skilled
in the art will immediately recognize that this choice does not affect the essence of the present invention.�
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Fig. 2a- �d illustrate the frequency-�selective properties of the present invention on a segment of voiced speech:
Fig. 2a shows an exemplary input signal segment x �[n] of 200 samples;
Fig. 2b depicts the logarithmic spectrum envelope obtained with conventional LPC (dotted line) vs. the envelope
obtained with the method of the invention (solid line);
Fig. 2c shows the prediction error e �[n] with the inventive method; and
Fig. 2d the prediction error e �[n] with conventional LPC technique.

�[0034] It can be clearly seen that the present invention achieves higher accuracy in estimating the coding parameters
of a predictive filter model, manifested by a resulting spectral envelope interpolating narrowly, i.e. matching closely, the
energy of the harmonics, see Fig. 2b, and a prediction error closer to the actual excitation, see Fig. 2c.
�[0035] The present description contained specific information pertaining both to the scientific basis and the implemen-
tation of the present invention. One skilled in the art will recognize that the present invention may be implemented in a
manner different from that specifically discussed in the present application. The proposed method can e.g. be imple-
mented and realized efficiently in a digital computer.
�[0036] The invention is not limited to the preferred embodiments described in detail above but encompasses all variants
and modifications thereof which will become apparent for the man skilled in the art from the present disclosure and which
fall into the scope of the appended claims.

Claims

1. A method for estimating coding parameters of a predictive filter model of a digital signal, in particular speech signal,
comprising: �

receiving a segment of said signal;
computing the spectrum of said segment;
estimating the background noise in said segment; and
estimating the fundamental frequency in said segment;

characterized by the steps of: �

computing a spectral mask on the basis of said background noise and said fundamental frequency; and
determining those coding parameters that substantially minimize a cost function which is based on said spectrum,
said spectral mask and said predictive filter model.

2. The method of claim 1, wherein said coding parameters are the gain level and the filter coefficients of said predictive
filter model.

3. The method of claim 2, wherein said cost function is 

with

X�(ω) being said spectrum,
α�(ω) being said spectral mask,
η being said gain level, and
H�(ω) being the transfer function, based on said filter coefficients, of the synthesis equivalent of the predictive
filter model.

4. The method of any of the claims 1 to 3, wherein said spectral mask is 
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with ω0 being said fundamental frequency and ρ �(ω) being a noise mask based on said background noise.

5. The method of claim 4, wherein said noise mask is 

with X�(ω) being said spectrum and N �(ω) being the power spectrum of said background noise.

6. The method of any of the claims 1 to 5, wherein said step of minimizing said cost function is performed by means
of a multivariate Newton-�Raphson algorithm.

7. The method of any of the claims 1 to 6, wherein said predictive filter model is defined by its synthesis equivalent
being a parametric all-�pole filter model, an autoregressive coefficients filter (ARC) model, a reflection coefficients
filter (RC) model, and/or a line spectral frequencies (LSF) model.
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