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1 INTRODUCTION

In {1} we discussed the use of linear prediction as a
kind of music concrete in 2 MUSTC4 environment; an exzmple
of the result is the performence of {2}. For a general
technical review see {3}. The effective use of this

technigue involves many decisions, namely the choice of:

1. sampling rate

2. freme size

3. frame-to-frame interpolation method
4. excitation signal

5. pre-emphasis filter

6. estimaticn 2lgorithm

7. number of filter parameters.

Our experience has shown that despite continuing attempts at
adjustment of these parameters, linear prediction of speech
with the 211-pole model sounds only so good, and no better.
The speech sounds which seem to cause the most difficulty
are nasal consonants end those produced during fast
transitions between phonemes. The latter problém appears
to call for a varizble and adzptive frame size, a problem
we have not yet considered. This paper describes recent

attempts at filter modeling of nasal sounds, with the
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reserved hope that this will also improve the generel

quality of analysis-synthesis.

The feature that seems to distinguish nasal phonemes
from others is the presence of enti-resonances {4}. The
physical explanzstion is as follows: during the production
of a voiced nesal phoneme, the oral tract is closed, and

radietion takes place through the nose.

(Please refer to Figure 1.)

The effect of the shunted oral cavity is to cancel out
certain freqguencies. The mathematical expression of this
fact is that the transfer function representing vocal tract

transmission has zeros as well as poles.

i

When linear predicticn is used to estimatz a2 vocal tract
trensfer function, one relies on the curve fitting implicit
in  the method to smooth over the fine structure Aue to the
individual harmonics of voiced epeech. Anothar way to

smooth out this fine structure is to use the czpstral

smoothing technique of Kopec, Cppenheim, and Tribolet {5}.
(Please refer to Figure 2.)
This idea can be used in three ways:

1. the estimated impulse response can be used
directly for synthesis obviating the need

for linear prediction altogether,

2. a two-stage method can be used, in which the
estimated impulse reponse is approximeted
with an all-pole model, using standard linear

prediction,

3. & two-stage method can be used, in which the
estimated impulse response is approximated
with a pole-zero medel. To do this, we use
iterative prefiltering to fit 2 numerator

and denominator simultaneously.

1V ITERATIVE PREFILTERTNG

We now discuss iterative prefiltering, 2 pole =zero
approximation method that bas been shown to work on an

isolated instance of nas2l speech {6}.
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(please refer to Figure 3a.)

Ideally, we would 1like to solve for the numerator and
denominator  coefficients simultan=zously, making this setup
look much like stfaight all-pole prediction. However, this
problem is highly nonlinear, and so an iterative method is

used.
(Please refer to Figure 3b.)

Here, an original denominator estimate is obtained using
all-pole linear prediction, and then this estimzte is used
to solve the linear problem shown. WNow the new dencminztor
estimate D is used for D' 2nd the process is reiterated.

The advantage of this approach is that the poles and zeros

,-ore estimated simultaneously, and as convergence is

approached, so is the ideal problem (Figure 2a).

We intend to describe the results of experiments using

the three methods mentiona=d 2bove: direct c:épstral

synthesis, two-stage all-pole synthesis, and two-stage

pole-zero synthesis. Preliminary results at the time of

this writing (6/77) seem to show:

1. two-stage all-pole (using the covariance
method) has fewer unstable frames than

conventional all-pole.

2. twd—stage pole-zero synthesis captures tha
effect of mouth closure, but has not yet
been made to work well on sentence length

examples.

3. the design of the cepstral smoothing filter

is extremely important.

4. the iterative prefiltering used in the
two-stage pole-zero method does not converge
if too many poles are specified, or if

pre-emphasis is not used.

We will be presenting taved examples of our results as well
as excmples of their use in performing the music of R.

Cann.
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Figure 1 The vocal tract configuration during production
of a nasal sound
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