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Abstract

In this paper we present a non-parametric approach
to solving the helium speech problem. Properties of he-
lium speech are replaced by those pertaining to normal
speech by means of codebook mapping of spectral en-
velopes. This method eliminates the drawbacks inherent
in the previous procedures of helium speech unscram-
bling as it requires neither model of helium speech pro-
duction nor estimation of formant parameters. The only
assumption is the general source-filter model required for
linear prediction analysis. In the traditional approach
spectral transformations were computed based on the as-
sumed helium speech production model. And in the non-
model approach it was assumed that helium speech dis-
tortion is speaker dependent, so all spectral transforma-
tions were calculated from formant parameters and F0
extracted directly from speech signals. In all previous
methods the resulting speech was still retaining a nasal
quality due to inaccurate modelling and speech process-
ing schemes that were unable to guarantee independent
manipulation of formant parameters. On the contrary our
system results in speech that is completely free of the hy-
perbaric helium quality however its technical quality is
still unsatisfactory as the mapping introduces noise into
the corrected speech.

1. Introduction

Saturation diving1 at depths exceeding about 60 m in-
volves large pressures to which the divers are fully ex-
posed disallowing usage of some common breathing mix-
tures. For example air can not be used as under high
pressure large amount of nitrogen dissolves in the human
blood leading to loss of conscience, so called nitrogen
narcosis. At large depths air also becomes very dense so
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1During the saturation diving, the diver is not protected (e.g. by steel
suits) from the high ambient pressure. It means that larger amounts of
breathing gases are dissolved in the blood than in the normal conditions,
until saturation — hence the name — level is reached. Thus divers have
to be gradually returned to the surface, or decompressed, as not to allow
the gasses to “boil” out of the blood.

that it is very difficult to breath it. It is also not possi-
ble to increase percentage of oxygen, or even use pure
oxygen, as it also becomes very toxic under high pres-
sure. It was therefore necessary to replace nitrogen with
some other suitable gas. The most common one is he-
lium, which is an inert gas, has low breathing resistance
and negligible toxicity. Together with oxygen it forms the
mixture called heliox which is widely used for saturation
diving.

The side effect of using helium is that it introduces
a serious communication problem. The velocity of sound
in pure helium is almost three times higher than that in
the air leading to large expansion of the speech spectrum.
The combined effect of helium and high ambient pressure
leads to a heavy distortion of the diver’s voice known as
helium speech.

2. Helium speech

The early research based on measurements of formant
frequencies already showed that the spectral distortion
present in speech uttered by divers is nonlinear [1]. Next
it was found that the amplitudes of consonants are much
lower than those of vowels [2], different vowels are dis-
torted differently [3, 4], divers adapt to the new environ-
ment and change their voice characteristics to sound more
intelligibly to themselves [3]. To the contrary to the inten-
tions of the speaker, the latter effect is leading to further
degradation in the quality of their speech [2]. The intel-
ligibility of divers varies from diver to diver and also the
exact type of distortion is speaker dependent [5]. Addi-
tionally it was found that formant bandwidths and ampli-
tudes were also highly distorted.

The quality of communication channel itself is also
very important. Microphones, including those specially
designed for diving, are sensitive to ambient pressure and
their performance deteriorates with depth. This is most
evident in the higher frequency range [6], which is very
important and should be transmitted unaffected as the
spectrum of helium speech is considerably expanded (up
to 12-15 kHz).
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3. State of the art in helium speech
unscrambling

3.1. Model-based approach

The first attempts to design an efficient helium speech un-
scrambler (HSU) were based on speech production mod-
elling, and in particular on the acoustic theory of speech
production. Single or multitube models of vocal tract
were used and solved either analytically [7, 8] or numer-
ically [7, 4] to obtain the transformations required to cor-
rect helium speech. The results were however highly sen-
sitive to the vocal tract model structure, glottis and lip
radiation models, model simplifications and also to pa-
rameter values used for computations. Some of the latter
varied considerably for various researchers often leading
to much different results [9, 7, 4].

Modelling approach implicitly assumes that the voice
distortion depends only on the physical and chemical pa-
rameters of the breathing mixture. So speech production
is supposed to be a linear process, which recent study has
shown that is not [10]. Evidence for helium speech was
presented in [5] where speaker dependence of formant
shift was reported.

The most advanced HSUs were employing either
modification of the short-time Fourier transform [8]
which enabled to correct formant frequencies and am-
plitudes or modification of the linear prediction (LP) pa-
rameters [7] allowing correction of formant frequencies
and bandwidths. However both systems exhibited sub-
stantial drawback, namely none of them was capable of
independent manipulation of formant frequencies, band-
widths and amplitudes which was the basic requirement
for a successful HSU. The further complication was com-
ing from the fact that any changes made to one formant
parameter resulted in change of others.

3.2. Speaker dependent helium speech unscrambling

In the non-model approach it was presumed that it is the
speaker dependence of the helium speech distortion that
was the main reason why even the most sophisticated un-
scramblers failed to yield satisfactory level of intelligibil-
ity of corrected helium speech [11, 12].

The natural consequence of it was that the required
transformations were computed individually for each
speaker. To retain such speaker dependence no speech
helium production model was used and the correction
functions were calculated based on the formant informa-
tion extracted directly from the speech signal consisting
of isolated vowels.

In the learning phase a relation between formant
properties and pitch of normal speech and helium speech
was determined and respective formant frequencies,
bandwidths and amplitudes were then compared to form
spectral correction functions.

In the processing phase correction functions were

H1

H3

H2

M3

N1

N5

N2

M2

M1

N4N3

Helium Speech
Codebook

Normal Speech
Codebook

Mappin codebook
Helium → Normal

Figure 1: A simplified diagram of the vector quantisation
helium speech correction system [adapted from [13]].

used to unscramble helium speech signal on a frame by
frame basis. Formant frequencies, bandwidths and ampli-
tudes were corrected separately according to their respec-
tive correction functions. Interdependence of formant pa-
rameters modification was compensated by preprocess-
ing of the functions.

Although the philosophy of those two approached
was completely different, helium speech corrected using
all methods retained a nasal quality. It is most proba-
bly to the fact that the formant ratios of F1 and F2 were
still not corrected properly. In our opinion this is due
to inherent limitations of the STFT and LP modification
methods that do not allow for separate manipulation of
formant frequencies, bandwidths and amplitudes. Mod-
elling methods are fairly straightforward, but they do not
produce as good results as the non-model approach. On
the other hand the non-model approach is heavily based
on the formant location algorithm which has been tested
with relatively clean helium speech only. Its robustness
to to noise or other interferences that are so common in
the underwater environment has not been tested.

4. Helium speech normalisation by
codebook mapping

Those problems may be avoided if we do not rely not
only on any model of helium speech production but also
on any formant-based computation of spectral normalisa-
tion functions. Hence it is necessary to resort only to the
general source-filter model of the speech production pro-
cess.

At the current stage our system is restricted to correct
(implicitly) the formant structure only. The key point in
the non-parametric approach is to look at all the formants
collectively rather than separately, in the sense that they
will all be treated as the spectral envelope as a whole,
without assigning any “formant” meaning to the peaks in
the spectrum magnitude.

The general idea of our system is depicted in figure 1.
The “heart” of the system is the mapping codebook that
is formed on the basis of two codebooks of spectral en-
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Figure 2: Learning stage — generation of mapping func-
tions in the form of codebooks.
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Figure 3: Processing stage — modification of spectral
envelope with F0 unchanged.

velopes (LP-based cepstral coefficents to be specific) of
helium and normal speech. It defines the relation be-
tween the entries of the two codebooks. Usually more
than one entry from the normal speech codebook corre-
sponds to the entry in the helium speech codebook. In
such cases mean of the entries from the normal speech
codebook is used.

Being a VQ system, our algorithm splits into two
parts: a learning stage, depicted in figure 2, which con-
sists of generation of all three codebooks, and a process-
ing stage, shown in figure 3 during which helium speech
is converted to normal speech.

During the learning stage the first step is to compute
the helium and normal speech codebooks. Both speech
signals, that consist of short speech units separated by
silence periods, are preemphasised and then analysed
frame by frame using LP analysis. LP parameters are
then converted to cepstral coefficients which are multi-
plied by the raised sine window and then used to generate
the codebooks using K-means algorithm.

In the next step both speech signals are vector quan-
tised using their respective codebooks to obtain vector in-
dices for each analysed frame.

To obtain the relation between the entries of the two
codebooks it is necessary to time-align the vector indices
corresponding to each speech unit (the units are located
and labelled automatically) using DTW. However a seri-
ous problem emerges here. How can we perform a mean-
ingful comparison of spectral envelopes, or their cepstral
representations in our case, of such two distinct speech
signals? For example let us consider spectral envelopes
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Figure 4: LP spectra of the vowel /i/ uttered in: (a) normal
conditions (b) at the depth of 120 m.

of the vowel /i/ uttered in normal and in hyperbaric heliox
conditions at the depth 120 m that are depicted in figure 4.
The peak locations are completely different yet they cor-
respond to the same vowel and as such they should be
perfectly matched during DTW process. On the other
hand envelopes that are very much similar might corre-
spond to different sounds. The simplest approach would
be to have normal speech and corrected helium speech
fed into the DTW process, but we are not able to get the
corrected speech until we get a mapping codebook for
which the correct computation of DTW is necessary.

A more elaborate approach would be to obtain that
corrected speech by some other method. To this end we
could use any of the previous methods of helium speech
unscrambling and used the result as the first approxima-
tion, which might be than iteratively improved. Once the
mapping codebook is computed it can be used to correct
the helium speech signal used for training. The corrected
signal can be feed back to the DTW algorithm to gener-
ate the mapping codebook again. This might be repeated
until there is no considerable improvement in the quality
of corrected helium speech.

Once the final mapping codebook is generated it is
converted to LP coefficients for the processing stage.

The processing stage is in fact a VQ process. The
helium speech signal is corrected on a frame by frame
basis. For each speech segment the spectral envelope of
helium speech is replaced by the spectral envelope of nor-
mal speech based on the rules contained in the mapping
codebook. Specifically for each frame LP analysis is per-
formed, and the frame is inverse filtered using the LP co-
efficients computed over that frame yielding the excita-
tion sequence. Normal envelope is applied by filtering the
sequence with the all-pole filter with LP coefficients ob-
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tained from the mapping codebook. The resulting frames
are then overlap-added to form the output speech signal.

5. Results

To test our helium speech normalisation system we have
used normal and helium speech signals containing 300
VCV units that were uttered by the same American male
diver in the normal conditions at the surface and in the
hyperbaric heliox at the depth of 120 m. The total number
of frames was on the order of 45 000 for each signal. The
speech was sampled at 22050 Hz and analysed with 16th
order linear prediction. The window length was 50 ms
with 3/4 overlap. The size of all three codebooks was
256 and the number of iterations was 100. The mapping
codebook was then applied to normalisation of helium
speech that was not used for training.

The resulting speech is free from any hyperbaric- or
heliox distortion. Similarly there is no problem with
over- or underestimation of spectral envelope normalisa-
tion functions, as the envelopes are not manipulated or
modified but fully replaced.

The iterative procedure of generating the mapping
codebook proved very much successful and allowed
for considerable improvement in accuracy of computing
DTW match between the corresponding units of normal
and helium speech. By average the cumulative distance
between the corresponding units was reduced by an order
of magnitude after the first iteration and by about 25% af-
ter the second iteration and with no perceptible improve-
ments after subsequent iterations.

However the technical quality of corrected speech is
far from perfect. In particular large amount of noise was
added to the output speech signal and the system had
difficulties with properly reproducing sounds like /s/ or
/b/. On the other hand other plosives, like /p/ were pro-
nounced very clearly. There are no such effects when
the helium or normal speech is quantised with its respec-
tive codebook, so it suggests that the problems lies within
the procedure responsible for generation of the mapping
codebook.

6. Conclusions

In this paper we have presented a new algorithm for he-
lium speech normalisation that performs codebook map-
ping of the spectral envelopes of normal and helium
speech. Although the helium speech effect has been re-
moved the resulting speech is still of low technical qual-
ity. We presume that we will be able to remedy this by
different choice of training data and re-investigation of
the mapping codebook generation algorithm.
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