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RESUME

Le soulagement de génes physiologiques dans la
plongée profonde exige le remplacement des mélanges
oxygdne-azote de 1l'air normal par des melanges binai-
res comportant un gaz plus léger (d‘'habitude 1'hélum)
mais qui entraine de nouveaux problémes au niveau de
la déformation de la voix, dont 1'intelligibilité
est beaucoup degradée. Les réscnances spectrales de la
voix (formants) sont étalees non linéairement par les
propriétés physiques du gaz sous pression, mais la
fréquence fondamentale des cordes vocales n'est pas
affectée par l'atmosphire.

Le systZme detaillé dans cet article permet la ma-
nipulation de la parole en hélium afin d'améliorer
1'intelligibilité en employant la modélisation auto-
régressive du signal. La structure temporelle du sig-
nal est totalement conservée, mais les formants peuv-
ent 8tre comprimés non linéairement afin d'offrir une
bonne correction pour la déformation vocale,

1 - INTRODUCTION

In hyperbaric deep-ocean diving envircnments, the
use of lighter-than-air respiratory mixtures is of
great physiological benefit to the diver., Helium-
oxygen (heliox) mixtures greatly alleviate the effects
of nitrogen narcosis and dyspnea (respiratory diffic-
ulty) which otherwise occur in a high-pressure air
environment. However, the principal disadvantage of 2
heliox mixture relates to its disastrous effect upon
voice communications. The heliox mixture, with its
increased velocity of sound and different acoustic
impedance with respect to air, alters the speech utt-
ered by the diver to such an extent that its intelli-
gibility is heavily impaired. Consequently, serious
and occasionally fatal mistakes in comprehension can
oceur if communication depends on the perception of
raw helium speech.

The physical properties of heliox change the centre
frequencies and bandwidths of any resonating cavities
filled with the gas compared to their values in air,
scaling such values by a factor 1<KgR.931, where
X = cp/ey » ch = velocity of sound in heliox, and
ca = velocity of sound in air, and K = 2.931 for 100%
heliun. The compounding effects of a high-pressure
atmosphere produce a nonlinear upward shift of the
frequency response of the human vocal tract [1] alth-
ough the exact nature of the nonlinearity is not well
understood. It is however generally accepted that
vocal tract resonant {formant) energy in the helium
speech spectrum is attenuated by -6dB for every octa-
ve shift upwards in frequency. Additionally, temporal
and spectral characteristics of the glottal excitati-
on waveform which enters the vocal tract, including
any periodicity of the waveform, are totally conserwed
from air to helium speech. Thus, viewing the speech
mechanism as an impulse or white-noise excited filtern
helium speech unscrambler systems reguire to apply
nonlinear correction uniquely to the vocal tract fil-
ter frequency response.

SUMMARY

The alleviation of physiological discomfort in deep-
ocean saturated diving operations demands the use of
helium-oxygen (heliox) breathing mixtures containing
large amounts of helium gas, whose effect on the
speech waveform is to shift spectral resonances (for-
mants) by a factor nominally equal to the ratio of
the velocity of sound in heliox to that in air, altho-
uzh the actual spectral shift is nonlinear, resulting
in the degraded intelligibility of helium speech.
However, fundamental frequency of vocal tract excita-
tion by the vocal cords remains unaffected.

The residually excited linear predictive coding
unscrambler system detailed here permits manipulation
of the helium speech waveform to restore intelligibi-
lity by use of autoregressive signal modelling, in
which the temporal features of the speech signal are
totally conserved, but formant data can be corrected
nonlinearly.

Llthough many real-time unscrambler systems have
been designed based on the simple strategy of time-
domain pitch-synchronous waveform expansion, thereby
acheiving 2 gross linear compression of the vocal
tract frequency response, these techniques offer no
possibility of nonlinear formant correction. They
2lso exhibit discontinuity of speech output when no
definite pitch period is present, as in unvoiced
speech (e,g. "s" or "f" sounds). Continuity of speech
is achieved by a frequency-domezin approach to unscra-
mbling, In using the short-time Fourier transform
(STFT)[2], techniques are available for conservation
of the periodicity information in the composite spec-
trum of a short-time segment of speech. The problem
is then one of separating the glottal excitation spec-
trum from the vocal tract frequency response so that
correction for the helium speech effect can uniquely
be applied to the latter. Corrected vocal tract and
conserved glottal excitation estimates are then re-
coabined and inverse Fourier-transformed to form a
new corrected short-time air speech segment. However,
in acdition to the complexity of reguiring an overlap-
and-zdd (OL4) approach[3], due to requirements of
windowing to reduce spectral lealkage, the principle
enigma of the STFT approach to unscrambling relates
to spectral phase, which is left intact in all corr-
ection operations under the pretext of the phase
insensitivity of human hearing. Nonlinear correction
is therefore confined to magnitude spectra only, but
subseguent recombination with an inappropriate phase
spectrum can be shown to cause distortions which aff-
ect the intelligibility of the resultant speech[4].

Cepstrum-based unseramblingl3lavoids the complexity
of an QLA approach since, although time-domz2in windo-
wing is still necessary, the cepsirum method seeks to
construct = finite impulse response (FIR) filter rep-
resenting the corrected vocal tract which is then rec-
onvolved in the time-domein with 2n estimate of the
glottal excitetion waveform. indowing therefore has
the Cesirable property of improving the estimate of
the FIR filter by reduction of spectral leakage,
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rather than affecting any composite speech spectrum.
However, the technique still suffers frou essentially
unknown phase characteristics both for the estimated
helium vocal tract cepstrum and in the corrected
spectrum.

2 - A SPECTRUM-BASED LPC PROCESSOR FOR RESTORING
INTELLIGIBILITY TO HELIUM SPEECH

The novel method presented in this paper employs
LPC~based vocal tract estimation and glottal excitati-
on deconvolution by inverse filtering, but applies ex-
plieit spectral-domain helium speech unscrambling per-
mitting nonlinear correction to short-time autoregres-
sive portions of the speech signal (61, The glottal
waveform, which must ultimately be totally conserved,
is estimated by calculating inverse filter - or pred-
iction error filter (p.e.f) - parameters and applying
each p.e.f to its corresponding short-time segment of
helium speech, However, this system is unigue in its
approach to helium speech unscrambling by its use of
the Weiner-Xinchine theorem in estimating both heliox
end air-equivalent filter structures.

The solution for the coefficient set agk of the
p.e.f using least mean squares techniques necessitates
the calculation of the autocorrelation sequence of the

signal., From the Weiner-Kinchine theorem:
oo

P(f)el2 T Tye 1)
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where P(f) is the power spectrum of the signal ard R{7)
is the autocorrelation sequence. For a real-valued
signal such as speech, then the power spectrum can si-
mply be calculated by applying a short-time Fourier
transform to the signal and squaring and adding real
and imaginary frequency components at each discrete
frequency. Calculation of the helium speech autocorre-
lation function Rh(7) is then possible by applying the
transform of equ.(l) above. Note however that special
precautions are necessary in digital signal processing
to force a linear autocorrelation from the cyclic aut-
ocoggglation afforded by the discrete Fourier transfo-
rm .

The strategy of using the power spectrum as a route
to the autocorrelation function is particularly conve-
nient since the power spectrum implicitly contains
spectral information relating to vocal tract formants
and therefore can itself be directly corrected for the
helium speech effect. The resulting power spectrunm
Pa(f) corresponding to normal air speech can be used
to form the autocorrelation function Ra(7) of the spe-
ctrally corrected signal, permitting the calculation
of an air-eguivalent inverse vocal tract p.e.f segue-
nce, by , say, from which a resynthesis filter is
easily constructed and excited by the conserved resid-
ual excitation. Note that in this method, the power
spectrum, prior to spectral correction, still contains
information regarding the glottal excitation, since no
attempt is made to deconvolve this when applying the
Fourier transform to the short-time segment. Therefore
applying spectral compression to the power spectrum of
voiced speech necessarily entails an effective increa-
se in the fundamental frequency of the resulting spee-
ch. However, this apparent imperfection is redressed
here by a consideration of an implicit but rerely exp-
licitly-expressed property of autoregressive signal
processing. Namely, although any given p.e.f is const-
ructed from a signal having, say, a well-defined fund-
amental frequency, the resulting inverse filter will
produce a spectrally-white residual when applied to
any similar signal originating from the same linezar
time~invariant (LTI) system, but which possesses a
different excitation periodicity. & general overview
of the spectrum-based helium speech unscrambler is
shown in figure 1.

3 - FACTORS AFFZCTING SPECTRUM-BASED LPC HELIUM
SPEECH UNSCRAMBLER. PERFORMANCE

This category of unscrambler ilmplicitly offers
continuity of the unscrambled speech waveform. In
autoregressive modelling in general, the optimum fit
to the vocal tract transfer function assumes an all-
pole model. Therefore, those features of the signal
spectrum waich are directly due to the influence of
transfer function zeros, i.e. avectral antiresonances,
will not be faithfully represented., This is in contrast
to STFT and cepstrum technigues, which make no assump-
tions other than that the system under analysis is LTI
in the short %erm, and which therefore treat all comn-
onents (poles and zeros) of the vocal tract transfer
function. However, although the characteristic trans-
rer function of certain sounds, such as nasals, does
indeed contain zeros of transmission, the important
aspects of speech perception still relate to formant
informetion, that is, the relative locations, amplit-
udes and bandwidths of spectral peaiks, so vindicating
the use of AR modelling technigues. However, whereas
“his is acceptable in an analysis-only scenario, the
explicit application of the p.e.f to the helium speech
15 unlikely o resull in a residual which is speclrally
white. The estimate of the glottal waveform will thus
contain elements of the short-time spectrum which were
not well-matched by the all-pole model, specifically,
areas of antiresonance,

However, the spectrum-based LPC unscrambler presen-
ted here offers ease of nonlinear correction of all
aspects of the short-time vocal trezct frecuency respo-
nse, Although the time waveform recuires windowing to
avoid spectral leakage, no overlap-znd-zdd approzch
need be applied to the composite output waveform since
“he spectrum is used to estimate a filter impulse res-
ponse vhich then operates on wawindawed versions of
both the composite input heliun speech wzveform znd
the glottal excitation estimate. Preemphasis, which
imparts a +4dB/octave emphesis to the input speech
spectrum, 1s a well-established reczuirement to incres-
se the accuracy of the AR modelling process, and here
offers implicit correction for the high-frecuency
attenuation of helium speech, so obviating sny explic-
it provision for frequency-dependent formant amplitude
correction. & matching deemphasis filter cascaded to
the synthesis filter output rsstores the usuzl zir
speech formant charcteristics,

Precautions necessary to ensure linear autocorrela-
tion from the inverse power spectrum[7Jrequire that
the input time seguence be doubled in length by =ppen-
ding the same number of zeros to the end of the orig-
inal N-length data sequence, This effectively doubles
the power spectrum resolution znd hence improves the
accuracy of spectral correction, which depends on an
index-remapping and interpolation »rocedure. Note that
areag of the power spectrum are undefined after corr-
ective spectral compression, between the freguencies
fs/2 K->fg/2 and i%ts image area f5/2->{1-1/2.K)fs ,
where fs is the sample frequency. Froa & consiceration
of the maximum entropy properties of iR signal proces-
sing, the solution =23 to the power values to assign to
these freguencies consists of simply repeating the
last mown frequency velue (which must be nonzero) in
the power spectrum over the uncefinsZ region. This is
in conitrast to the STFT and cepstrum methods, which
reguire spectral tapering linearly to zero across
such undefined spectral areas.

dost importantly, the use of the co-phase power
spectrum and the Weiner-Xinchine relatiocnship avoids
any explicit consideration of spectral phase whatsoevern

4 - EXPERIMENTAL RESULTS

sn example of the application of the spectrum-based
LPC helium speech unscrambler is demonstrated in fig.Z2.
Figure 2(a) is the power spectrum of a 51.2ms segment
of the vowel "ee” exiracted from continuous helium
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speech, sampled at fg = 20kHz, spoken by a male diver
at a depth of 250ft (pressure = 8.5Bar} in an atmosph-
ere consisting of 96% He and 4% Op. Shown inset is the
Hamming-windowed waveform segment for analysis. Jote
the fundamental excitation periodicity of approx. 6éms,
which is also apparent in the power spectrum due to
the approx. 167Hz spacing of spectrzl lines, The vocal
tract frequency response is estimeted by the dotted-
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Fig.l Block diagram of the spectrum-based LPC helium speech
unscrambler system., F[J is the Fourier transform

operator.
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Fig.2 (a) Helium speech power spectral density for the vowel Jee/
(51.2ms) before processing by the spectrum-based LPC
unscrambler system,

(b) Power spectral density of corrected speech segment
using a linear compression ratio K=2.4,
(Note. The power spectrum of 2(b) is obtained from a
post-processing analysis of the output time waveform,

z(t) ).



