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1. INTRODUCTION
Linear prediction coding (LPC) estimates a voice source with a
fixed spectral envelope. The true voice source has a spectral envelope that varies. As a result, part of the perceived voice quality [1, 2, 3] that should be in the source ends up in the LPC filter [4]. This paper presents variable pre-emphasis LPC (VPLPC)
for separating the spectral envelope into two components: formant
filter and source envelope. The paper describes why the true source
varies between high-effort and breathy voices, why standard LPC
estimates a formant filter that captures source variation, and how
VPLPC can estimate a formant filter that is more consistent across
different voice qualities. An attempt is then made to manipulate
the perceived vocal effort with the VPLPC algorithm.
1.1. Variation in the glottal source
The spectral envelope of the glottal source does not remain constant but varies according to changes in glottal voice quality such
as tense voice, lax voice and breathiness [5]. This variation in glottal quality often happens within a single spoken or sung phrase.
When a voice is tense, it requires more effort to phonate. The resulting voice has more high frequency content than the same voice
in a relaxed state. When a voice is relaxed (known as lax voice),
the vocal folds move freely resulting in vibrations that appear almost sinusoidal. The lower harmonics are much stronger relative
to the upper harmonics. Air often leaks between the vocal folds
when the voice is relaxed. When air leakage causes significant
aspiration noise and the vocal folds are relaxed, it is known as a
breathy voice.
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ABSTRACT
In speech and singing, the spectral envelope of the glottal source
varies according to different voice qualities such as vocal effort,
lax voice, and breathy voice. In contrast, linear prediction coding (LPC) models the glottal source in a way that is not flexible.
The spectral envelope of the source estimated by LPC is fixed and
determined by the pre-emphasis filter. In standard LPC, the formant filter captures variation in the spectral envelope that should
be associated with the source. This paper presents variable preemphasis LPC (VPLPC) as a technique to allow the estimated
source to vary. This results in formant filters that remain more consistent across variations in vocal effort and breathiness. VPLPC
also provides a way to change the envelope of the estimated source,
thereby changing the perception of vocal effort. The VPLPC algorithm is used to manipulate some voice excerpts with promising
but mixed results. Possible improvements are suggested.
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Figure 1: Frequency spectra of LPC filters for breathy voice
(dashed line) and high-effort voice (solid line). The same voice
is singing the same vowel on the same pitch.
Vocal effort is a subjective term that describes a strained or
tense voice quality. The perception of vocal effort has been associated with compression of the vocal folds and a reduced open
quotient [6]. When a voice exhibits vocal effort, pressure builds up
behind the vocal folds. When the pressure exceeds the resistance
of the vocal folds, they open, releasing a short burst of air before
quickly closing again. The voice source looks like a series of impulses and the spectral envelope is flatter than the envelope from a
lax or breathy voice. The difference in the spectra between voices
with high and low effort can be seen in Figure 1.
There are a number of indicators of vocal effort. While the
overall sound level is significant, people are able to identify the
effort a person is putting into speaking or singing even when the
sound level has been normalized [7]. Vocal effort is also associated
with higher pitches and changes in the phrasing [8]. We are looking at singing voices and therefore many of these factors are less
influential. The music specifies pitch and phrasing, and the sound
level is normalized to the recording. In this situation, the spectral
balance between low frequencies and high frequencies is more significant. Voices with more vocal effort have more high-frequency
content. Another indicator of vocal effort is the mix of harmonics
and noise in the voice signal. Voices with vocal effort have little
aspiration noise (as long as the source has not become aperiodic).
In contrast, relaxed voices have a more aspiration noise.
1.2. Problem with LPC
Standard LPC models the voice in a way that does not appropriately capture variation in the source. This subsection describes the
problem.
The source-filter concept provides a perceptual approximation
of the glottal source and vocal tract and is widely used for voice
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Figure 3: Variable pre-emphasis LPC analysis. Low-order LPC
plus bandwidth expansion (BWE) determines the variable preemphasis filter AP . Following pre-emphasis, high-order LPC determines the formant filter 1/AF .
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Figure 2: (a) LPC analysis algorithm (b) LPC analysis algorithm
with pre-emphasis filter. Note that the tilt of the residual spectrum
is the inverse of the pre-emphasis filter.
analysis and synthesis [9]. The most common technique for doing
this is linear prediction coding (LPC). The operation of the LPC
algorithm [10] and its relation to the human voice [11] have been
greatly discussed in the literature. LPC finds a filter to fit the spectrum of the input signal. If we apply the inverse of this filter to
the original signal, we can extract the LPC residual. This residual
represents the glottal source.
LPC attempts to minimize the error between the spectrum of
the signal and the frequency response of the filter. As a result, the
LPC residual has a flat spectrum as seen in Figure 2(a). Most LPC
algorithms compensate for lip radiation with a pre-emphasis filter. Pre-emphasis boosts the high frequencies, resulting in slightly
better formant matching at the high frequencies and fewer scaling
issues in fixed-point algorithms. The tilt of the LPC residual is the
inverse of the pre-emphasis filter as seen in Figure 2(b). This is
closer to the expected appearance of the glottal source. However,
the pre-emphasis algorithm does not estimate the spectral envelope
of the source. The slope of the residual’s spectrum is fixed.
The LPC algorithm does not take into account spectral changes
to the glottal source. Whether the voice has much or little vocal effort, whatever the shape of the glottal spectrum, the pre-emphasis
filter remains the same and the LPC residual has the same spectral
envelope. This means that variation in the envelope of the glottal
spectrum is captured by the LPC filter instead of the LPC residual [4, 12]. This appears to be an inherent part of LPC that has not
been clearly addressed in the speech literature.
2. VARIABLE PRE-EMPHASIS LPC
This paper proposes that the pre-emphasis filter be made variable.
We already know that the pre-emphasis filter determines the spectral envelope of the LPC residual. Variable pre-emphasis results in
a residual that responds to broad changes to the spectral envelope.
As long as this variation in the spectral envelope does not affect
the perception of formants, the assumption is that variable preemphasis captures a glottal voice quality. We cannot verify this by
physiological measurement but we can perceptually evaluate this
influence.
If we compare VPLPC formant filters from high-effort and
breathy voices, we should find the VPLPC formant filters to be
more consistent than the corresponding formant filters from stan-

dard LPC. Variable pre-emphasis should reduce variation in the
formant filters by allowing glottal voice qualities to pass through
to the residual.
Variable pre-emphasis is not a new idea. Some LPC algorithms use variable pre-emphasis to improve voice compression
or speech recognition [13]. This paper adds to that research by
suggesting that there is a physiological reason why variable preemphasis works and by attempting to use it to manipulate the perception of vocal effort.
2.1. Low-order LPC
One way to estimate an appropriate pre-emphasis filter is to carry
out low-order LPC. The low-order LPC analysis method is presented in Figure 3. Because LPC tends to produce filters that are
peaky, bandwidth expansion (BWE) is carried out on the filter coefficients using pole scaling [14].
From experimentation, an order of three appeared to work best
while using a sampling rate of 22050 Hz. In standard LPC, one
pole is located at 0 Hz to represent lip radiation. This can be
thought of as one pole in the pre-emphasis filter. Adding another
pole pair enables the algorithm to capture a broad resonance in the
spectrum around 2–3 kHz that can happen in high-effort voices. A
couple of example pre-emphasis filters are shown in Figure 4.
It may seem strange that there is an upper resonance in the
pre-emphasis filter in Figure 4(b). Most voice analysis in linguistic
research takes place at lower sampling frequencies, truncating the
plot at approximately 5 kHz. This makes changes in vocal effort
appear as a tilt. Plotting the spectrum up to 11 kHz reveals that
many high-effort voices have a hump in the spectrum.
After pre-emphasis, the signal is fed into high-order LPC to
estimate the formant filter. The order of the formant filter was
informally adjusted to the order that perceptually seemed to work
best. Orders between nineteen and twenty-four at a sampling rate
of 22050 Hz roughly correspond to the length of a human vocal
tract when LPC is interpreted as a physical model. Since LPC does
not typically estimate a true vocal tract, we weren’t constrained by
this range. We used an order of thirty for the sound excerpts that
we modified. To extract the residual, the original signal is inverse
filtered by the formant filter.
2.2. Synthesis method
To modify the perceived vocal effort, the spectral envelope of the
residual has to be modified and resynthesized. The process of
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Figure 5: VPLPC synthesis configured to modify the perception of
vocal effort. The tilt of the residual is removed by the variable preemphasis filter (AP ), leading to a flat spectrum. Matched filters
blend in aspiration noise if required. A new pre-emphasis filter
(AP N ) applies the desired spectral envelope for the glottal source.
The signal is then filtered by the formant filter (1/AF ) to achieve
the new voice signal.
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Figure 4: Inverse of the pre-emphasis filter (AP ) estimated by loworder LPC for (a) breathy and (b) high-effort voice excerpts.
resynthesizing the voice is illustrated in Figure 5. First, the spectral envelope of the residual is flattened by filtering with the preemphasis filter. The flat spectrum makes it easier to add aspiration
noise if required. Two matched butterworth filters were used to
blend aspiration noise, one filter applied to the flattened residual
and one filter applied to the white noise. Then, a filter representing
the desired spectral envelope is applied to the mix of the flattened
residual and aspiration noise. The resulting signal is the modified source with the desired spectral envelope and aspiration noise
when required. The modified source is fed through the formant
filter to synthesize the voice.
Voices with less vocal effort have less aspiration noise. In the
algorithm, the aspiration was generated as gaussian noise. This
noise was pulsed in sync with the frequency of the voice using a
square envelope with a 50% duty cycle. The pitch was estimated
using Praat software [15]. The energy level of the noise was adjusted to be the same as the energy level of the flattened residual.
Matched, first-order butterworth filters were used to low-pass the
residual and high-pass the pulsed noise. This blended the noise
into the flattened residual.
3. RESULTS
One of the advantages that VPLPC should provide is a formant filter (AF ) that is more consistent over varying voice qualities. We
tested this aspect of VPLPC by exciting the formant filters from
high-effort voices and breathy voices with the same excitation.
For raw voice data, we had three pairs of voice excepts. Within
each pair, the same person sang the same vowel at the same pitch
varying only their voice quality between high effort and breathiness. To remove the influence of the source, we used the same LF
model [16] as the excitation for all voices. The LF model is the
most popular model for glottal excitation. We also carried out the
same procedure using standard LPC. Due to the nature of artifi-

cial excitation, some artifacts were present in the data; however, it
was still easy to hear relative differences in voice quality between
samples.
When the same LF model excited the VPLPC formant filters
(AF ) from the high-effort and the breathy voices, both synthesized
voices took on similar voice qualities. The biggest difference between the two voices was that the formant filter for the breathy
voice had more jitter and shimmer associated with it, resulting in
more artifacts and slightly more perceived breathiness. The LPC
formant filters sounded more different from each other. The LPC
formant filter from the high-effort voice carried a significant perception of vocal effort. In comparison, the LPC formant filter from
the breathy voice carried a significant perception of breathiness.
3.1. Manipulating the perception of vocal effort
In the next stage, we attempted to use VPLPC to manipulate the
perception of vocal effort. The shape of the spectral envelope for
the desired source was estimated from the excerpts. Using VPLPC
analysis, AP from the breathy voice provided AP N for the higheffort voice. AP from the high-effort voice provided AP N for
the breathy voice. Doing this gives the spectral envelope of the
breathy residual to the spectral envelope of the high-effort residual
and vice versa.
First, vocal effort was removed from the high-effort voice. The
spectral envelope of the high-effort residual was replaced by the
spectral envelope of the breathy residual. This reduced the highfrequency content of the voice. Some of the perception of vocal
effort was reduced. However, the new voice did not sound as relaxed as the original breathy voice. Although the spectral envelope changed, the mix of harmonics and noise did not change. A
relaxed voice should have fewer harmonics and more aspiration
noise.
To further reduce the perception of vocal effort, we added
noise to the residual as described in section 2.2. The addition of
aspiration noise made the synthesized voice sound more natural,
which improved the perception of a more relaxed voice. However,
the voice that was originally perceived to have high effort was not
fully transformed into a relaxed breathy voice. It was difficult to
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blend much noise into the residual without creating an unnatural
sounding voice. Perceptually, the noise easily separated from the
source, sounding like a separate stream of noise rather than part of
the voice.
Next, vocal effort was added to the breathy voice. The spectral
envelope of the breathy residual was replaced by the spectral envelope of the high-effort residual. This boosted the high-frequency
content of the voice. The resulting voice was perceived to have
a higher degree of vocal effort but there was too much aspiration
noise and not enough harmonics. The voice sounded noisy and
unnatural due to the amplified noise.
Original and synthesized voice samples are available online at:
http://www.ece.uvic.ca/~knordstr/dafx06
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4. CONCLUSIONS
This paper presented the VPLPC algorithm as a method to estimate
formant filters that are more neutral across varying voice qualities.
While formant filters from standard LPC contain a significant perception of vocal effort, VPLPC appeared able to remove the perception of vocal effort from formant filters that were excited by an
LF model.
The VPLPC algorithm was able to partially change the perception of vocal effort by manipulating the residual. The transformation was not complete because the mix of harmonics and noise
did not change along with changes to the spectral envelope. When
reducing vocal effort, it helped to add pulsed noise into the residual. Unfortunately, only a little noise could be added before there
were problems with stream separation between the noise and the
residual. In transformations to high effort, the residual did not have
enough harmonic content, resulting in voices that sounded noisy.
There are a couple of ways that the artifacts could could be reduced. VPLPC, as presented here, involved two-stages of inverse
filtering. The opportunity for artifacts increases with each stage,
especially when the filters are dynamic like those from LPC. It
may be possible to eliminate the pre-emphasis inverse filter by extracting key information from a standard LPC filter. Given that the
variable pre-emphasis filter is of a low order, it should be possible
to convert an analysis of pole locations into a single measure of
vocal effort. This parametric measure of vocal effort could then be
used to control the model.
Methods other than low-order LPC could be used to estimate
a pre-emphasis filter. A larger number of voice excerpts could
provide a better indication for an appropriate estimation method.
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