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Abstract—rehabilitation of the ability to speak in a
natural sounding voice, for patients who suffer larynx
and voice box deficiencies, has long been a dream for
both patients and researchers working in this field.
Removal of, or damage to, the voice box in a surgi-
cal operation such as laryngectomy, affects the pitch
generation mechanism of the human voice production
system. Such patients speech thus becomes hoarse,
whisper like and sometimes not easily perceptible.
This speech is obviously different to that from nor-
mal speakers, and will have lost many of the distinc-
tive characteristics of the original speech. However,
these patients typically retain the ability to whisper
in a similar way to normal speakers.

This paper aims to present an engineering approach
to providing laryngectomy patients the capacity
to regain their ability to speak with a more nat-
ural voice, and as a side effect, to allow them to
conveniently use a mobile phone for communica-
tions. The method uses auditory information only,
allied with analysis, formant insertion and novel
methods for spectrum enhancement and formant
smoothing within the reconstruction process. In
effect, natural sounding speech is obtained from
their spoken whisper-speech, without recourse to
surgery. The method builds upon our previously pub-
lished works using an analysis-by-synthesis approach
for voice reconstruction with a modified CELP codec.

Keywords: bionic voice, CELP codec, laryngectomy,

rehabilitation, speech processing, whispered speech.

1 Introduction

The speech production process starts with modulated
lung exhalation passing a taut glottis to create a varying
pitch excitation which resonates through the vocal tract,
nasal cavity and out of the mouth. Within the vocal,
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oral and nasal cavities, the vellum, tongue, and lip po-
sitions play crucial roles in shaping speech sounds; these
are referred to collectively as vocal tract modulators [1].

Total laryngectomy patients will have lost their glottis
and also the ability to pass lung exhalation through the
vocal tract in many cases. Partial laryngectomy patients,
by contrast, may still retain the power of controlled lung
exhalation through the vocal tract. Despite loss of their
glottis, both classes of patient retain the power of vocal
tract modulation itself and therefore by controlling lung
exhalation (or similar), they have the ability to whisper
[2]. In other words, they maintain control of most of
the speech production apparatus. Therefore, our aim to
regenerate speech relies on the method of reconstructing
natural speech from the sound created by those remaining
speech articulators but since the major missing compo-
nent is the pitch-generating glottis, this quest in effect is
that of regenerating speech from whispers.

It should also be noted at this point that existing
methods of returning speech to post-laryngectomised
patients do exist, including the following:
Oesophageal speech [3]: using the oesophagus to
expel air by means of stomach contraction rather than
lung contraction. The tongue must remain pressed
against the roof of the mouth during this procedure to
maintain an esophageal opening. By all accounts, this
is quite difficult to learn and results in unnatural, but
often surprisingly intelligible speech.
Surgical procedures such as transoesophageal punc-
ture (TEP) [4] can produce higher quality speech but
are particularly suited for people who have had a
total laryngectomy and who breathe through a stoma.
The TEP procedure creates a small hole to rejoin the
oesophagus and trachea, fitted with a one-way valve so
that air from the lungs can enter the mouth through
the trachea when the stoma is temporarily closed. The
prosthesis requires maintenance, is clumsy in use and is
a potential risk area for infection.
Electrolarynx [5]: a razor sized device that needs to
be pressed against the side of the throat to resonate the
vocal tract. The generated speech from the electrolarynx
is mechanical sounding and monotonous, although more
modern units have a hand control to vary pitch.
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Figure 1: Comparison of the spectra for vowel /a/ in normally phonated speech (top) with whispered speech (bottom)
for a single speaker. The smoothed spectrum overlay indicates formant peak locations.

By and large, these current techniques suffer from one
common weakness: they produce unnatural monotonous
‘robotized’ speech. The approach discussed in this pa-
per, by contrast, aims to produce higher quality speech by
utilising a modified code excited linear prediction (CELP)
codec to analyse, modify and reconstruct speech, ex-
tending previous work [6, 7] with a new method for for-
mant tracking, smoothing and post-processing spectral
enhancement.

Section II briefly outlines whispered speech features re-
garding the source-filter model and also in terms of their
acoustic and spectral features while Section III explains
the modified CELP codec customized for our objective of
natural speech regeneration. Section IV presents a novel
method for the spectral enhancement during speech re-
construction and finally Section V concludes the paper.
As mentioned before, the approach taken here assumes
equivalent front-end processing (pitch generation, analy-
sis by synthesis approach including the LSP shifting and
narrowing within the modified CELP codec) from previ-
ous published works in [6, 7].

2 Whispered Speech in Comparison
With Normally Phonated Speech

Whispered speech as opposed to normally phonated
(pitched) speech forms the main focus of the research
regarding speech regeneration for laryngectomy patients
since they, particularly partial laryngectomy patients,
can often produce whispered speech with little effort.
However the term ‘whispered speech’ itself can be cat-
egorized into two different classes of soft whispers and

stage whispers [8].

Soft whispers (also known as quiet whispers) are pro-
duced by normally speaking people to deliberately reduce
perceptibility, such as whispering into someones ear in the
library, and is usually used in a relaxed, comfortable, low
effort manner [9]. Stage whispers, on the other hand,
are a combined kind of whisper one would use if the lis-
tener is some distance away from the speaker [8]. This
is actually a whispery voice since the partial phonation
required involves vocal fold vibration [10]. Soft whispers
are produced without vocal fold vibration and have simi-
lar characteristics to whispers from laryngectomised per-
sons (although some patients may be capable of partial
phonation).

As mentioned, essential physical features of whispered
speech include the absence of vocal cord vibration which
leads in turn to the absence of fundamental frequency and
consequent harmonic relationships [11]. This is the most
significant acoustic characteristic of whispers. Using a
source filter model [12], exhalation can be identified as the
source of excitation in whispered speech, and the shape
of the pharynx is adjusted so that the vocal cords do not
vibrate [13]. Turbulent aperiodic airflow is thus the only
source of sound for whispers, and is known to be a strong,
rich, and hushing sound [14].

There are different descriptions at the glottal level for
whispers: [14] and [15] describe the vocal folds as narrow-
ing, slit-like or slightly more adducted when whispering.
Tartter in [11] also states that “whispering speech is pro-
duced with a more open glottis than in normal voices.”
Weitzman in [8] defines the whispered vowels as “pro-
duced with a narrowing (or even closing) of the mem-
branous glottis while the cartilaginous glottis is open.”
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Figure 2: Block diagram of the proposed vocal reconstruction codec, showing a typical CELP encoder on the left, and
the decoder on the right augmented with three processing units (displayed over a hatched background) which adjust
LSPs, generate LTP coefficients and spectrally enhance output speech respectively. The particular contribution of
the current paper is in these three blocks just mentioned. Note that the LTP coefficients generated by the encoder
are not used in the decoder, since these primarily relate to pitch information which is absent in whispered speech.

By studying the laryngeal configuration and constriction
during whispering of 10 subjects from videotapes of the
larynx, Solomon et al. in [9] identified three types of vocal
fold vibration: 1) the shape of an inverted V or narrow
slit, 2) the shape of an inverted Y, 3) bowing of the ante-
rior glottis. They concluded that soft whispers have the
dominant pattern of a medium inverted V. Further glottal
level analysis in whisper production as well as physiolog-
ical features of whispers have been explained in detail in
[16]. Following a laryngectomy, it is expected that sev-
eral different topologies of larynx will result, but with
the commonality being a (typically) permanent opening
on at least one side.

The spectral characteristics of whispered speech sounds
do exhibit some peaks in their spectra at roughly the
same frequencies as those for normally phonated speech
sounds [17]. These ‘formants’ occur within a flatter power
frequency distribution, and there are no obvious harmon-
ics in the spectra corresponding to the fundamental fre-
quency [11]. Fig. 1 shows this feature by contrasting the
spectra of the vowel /a/ spoken in a whisper and in a
normal voice.

Since excitation in whisper mode speech is the turbulent
flow created by the exhaled air passing through the open
glottis, the resulting signal is completely noise excited
[13]. Another observed consequences of a glottal opening
is an acoustic coupling to the subglottal airways. The
subglottal system has a series of resonances, which can be
defined as their natural frequencies with a closed glottis.
The average values of the first three of these natural fre-
quencies have been estimated to be about 700, 1650, and
2350 Hz for an adult female and 600, 1550, and 2200 Hz
for an adult male [18], but there are of course substantial
differences among the constituents of both populations.

3 Modified Celp Codec

This paper utilises a CELP codec to adjust whisper
speech to sound more like fully phonated speech. In
the CELP codec, excitation is selected from a codebook
of zero-mean Gaussian sequences which are then shaped
by an LTP (longterm prediction) filter to convey the
pitch information of the speech. Amongst the variants
of analysis-by-synthesis LPC (linear predictive coding)
schemes, CELP is one of the more popular, especially for
low-bit rate coding [19].

Within most CELP codecs, linear prediction coefficients
are transformed into line spectral pairs (LSPs) [20]. LSPs
are used to convey the characteristics of two resonance
states from an interconnected tube model of the human
vocal tract. These states describe the modelled vocal
tract being either fully open or fully closed at the glottis
respectively. Since the human glottis is actually opened
and closed rapidly during normal speech, the actual reso-
nances occur somewhere between the two extreme condi-
tions. However, this is not necessarily true for whispered
speech, since the glottis does not vibrate, soit is necessary
to define some adjustments to the LSP model [7].

A block diagram of the CELP codec as implemented in
this paper is shown in Fig. 2, with the modifications
for whisper-speech reconstruction identified. In compar-
ison with the standard CELP codec, we have added a
“pitch template” corresponding to the “pitch estimate”
unit while “adjustment parameters” in this model are
used to generate pitch factors as well as to apply neces-
sary LSP modifications.

For this research, a 12th order linear prediction analysis is
performed on the waveform, which is sampled at 8 kHz.
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A frame duration of 20 ms is used for the vocal tract
analysis (160 samples) and a 5 ms sub frame duration
(40 ms) for determining the pitch excitation.

The pitch estimation algorithm implemented in this re-
search is based on extraction parameters from normally
phonated speech which are then re-applied in the CELP
excitation [7] as a reconstructed pitch signal based upon a
selection algorithm which judges the underlying phoneme
type from detected parameters. Since the current focus
is not on this detector, its decision in this case was man-
ually assessed and, if necessary, appropriately overridden
to ensure accuracy.

4 Spectral Enhancement of Whispers

Reconstruction of phonated speech from whispered sam-
ples involves a critical stage of spectrum enhancement, in
part due to the significantly lower SNR of recorded whis-
pered speech compared with normally phonated speech:
estimates of vocal tract parameters for such speech have
a much higher variance than those of normal speech. As
mentioned in Section II, the vocal tract response for whis-
pered speech is noise excited and this differs from the
expected response when the vocal tract is excited with
pulse trains (as in normally phonated speech).

Such differences are highlighted within the whole proce-
dure of the regeneration of phonated speech from whis-
pered samples while it becomes more significant in vowels
reconstruction where the instability of the resonances in
the vocal tract (peaks of frequency response of the vocal
tract, i.e. formants) tends to be quite strong. To prepare
a whispered speech signal for pitch insertion, consider-
ation is therefore required for the enhancement of the
spectral characteristics regarding disordered and unclear
formants caused from the noisy substance, background
and excitation evident in whispers. A novel approach
for this kind of enhancement is briefly described in this
section.

Since it is known that formant spectral location has a
more important role than formant bandwidth in speech
perception [21], in our computational strategy, a formant
track smoother is implemented to ensure a precise for-
mant location without large frame-to-frame stepwise vari-
ations. The module tracks the formants of a whispered
voiced segment and smoothes their trajectory through
subsequent blocks of speech, using oversampled and over-
lapped formant detection. Formant tracking is based on
the LP (linear prediction) root finding method and starts
by determining the roots of the LP polynomial. Then the
formant frequency, F and bandwidth B corresponding to
the ith root can be obtained as follows:

Fi =
θi

2π
fs (1)

Bi = arccos (
4ri − 1− r2i

2ri
)
fs

π
(2)

Where θ and r denote respectively the angle and radius of
a root in the z-domain and fs is the sampling frequency.
A formant is approximated by the phase of the pole that
has the smallest bandwidth (calculated by finding the
frequency where the spectral energy is 3 dB below the
peak) in a cluster of poles.

In the next step, the bandwidth to peak ratio is calcu-
lated and the roots with a large ratio or those located
on the real axis are classified as spurious. The remaining
roots are related to formants, although they demonstrate
a noisy distribution pattern over time as a result of noisy
excitation in whispers. It is thus necessary to eliminate
the effects of this noise and apply modifications in such a
way that the de-noised formant tracks are more accurate
concerning the formant frequency rather than concerning
the corresponding bandwidth.

To fulfil this goal in a whispered vowel, the formant inser-
tion module begins by performing a formant detection for
each 30 ms speech segment (with 2.5 ms overlap step size)
through the standard method of root finding as described
above. The resulting formant track vector could be con-
sidered as a formant track of phonated speech being cor-
rupted by noise, and it is then fed to the smoother which
evaluates the density of the extracted formant points in
the 0-4 kHz bandwidth over time frames of 60 ms. It
then extracts the highest constraints of the formant loca-
tions for the first three formants and removes the extra
margins as being inappropriate formant locations.

In case of close adjacency of formants, the margins would
overlap and are separated through decisions made on the
boundary of overlapping margins. The resulting mar-
gins represent the regions where the formants are con-
centrated but their trajectories are corrupted by noise
excitation of whispers. A smoothing algorithm encom-
passing two stages of Savitzky-Golay and median filtering
is applied to each margin to reduce the effect of noise.

Finally, the LPC coefficients of the transfer function of
the vocal tract are synthesized using 6 complex conjugate
poles representing the first three smoothed formants and
6 other poles residing across the frequency band.

Fig. 3 demonstrate the formant trajectory for a whis-
pered vowel (/i/) and a whispered diphthong (/ie/) be-
fore applying the spectral enhancement and the result-
ing smoothed formant trajectory after the implementa-
tion of the technique. These show the effectiveness of
the method even for transition modes of formants spoken
across diphthongs.

The proposed techniques have been investigated through
informal listening tests which indicate that reconstructed
vowels and diphthongs, are significantly more natural
than electrolarynx versions.

Despite the potential of excellent speech quality, the ma-
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Figure 3: Formant trajectory for whispered vowel /i/ (left) and diphthong /ie/ (right), showing the formant trajec-
tories (top) and the smoothed vectors (bottom). Note a diphthong transition in the right half of the /ie/ plot.

jor deficiency in the current scheme relates to the tran-
sition between phonemes. At present the system is de-
signed to only reconstruct individual phonemes, a disad-
vantage that is not shared by the electrolarynx.

5 Conclusion

This paper has discussed the rehabilitation of the power
of natural sounding speech for patients who suffer larynx
and voice box deficiencies. By the use and analysis of
whisper speech, allied with a method of the reconstruc-
tion of formant locations and reinsertion of pitch signals,
this paper along with our previous works [6, 7], presents
an algorithmic approach for a system potentially able to
provide such patients the capacity to attain original or
similar speech ability. This is achieved through a real
time synthesis of normal speech from whispers within
a modified CELP codec structure, as briefly described.
The similarity of the CELP system, and its transmitted
parameters, to those in the GSM and alternative voice
codecs in use within mobile phones, video conferencing
systems, raises the possibility of these enhancements be-
ing made available within these systems in future. As

mentioned, however, the system is currently restricted to
single phoneme reconstruction.

In this paper an innovative method for required spectrum
enhancement and formant smoothing within regeneration
process of speech from whispers was also proposed. The
smoothed formant trajectory resulting from applying the
proposed enhancement method was illustrated to demon-
strate the effectiveness of the method.
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