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Abstract

A technique is presented to extract a useful phase signal from
voiced speech. The speech is divided into glottal pulses and
spectral phase is computed for each glottal pulse. The phase
signal is then corrected for a variety of defects. Techniques are
also presented to improve the reliability of the extracted signal.
Finally, the signal is filtered to remove portions which are still
unreliable.

1. Introduction

One division of speech sounds is the distinction between
voiced and unvoiced (or voiceless). Voiced sounds are made by
vibrating the vocal chords, whereas unvoiced sounds are made
without vibrating the vocal chords. The vibration of the vocal
chords produces glottal pulses, where one glottal pulse (GP) is
the sound produced by a single vibration of the vocal chords.
The spectrum of voiced speech is the product of the glottal pulse
(the driving signal) and the mouth shape (the filter). To prevent
aliasing in any processing of the spectrum of a voiced speech
sample, the processing must be done over the period of only one
glottal pulse at a time. To divide the sample into glottal pulses,
the glottal pulse periods (GPPs) are computed by the algorithm
described in [4].

Voiced speech is the result of applying a filter (supplied by
the mouth and nasal cavities) to the driving signal produced by
the vocal chords (glottal pulses). The filter is important in deter-
mining mouth shape parameters. The discrete Fourier transform
is used to extract the filter parameters from input speech. When
a discrete Fourier transform is applied to a segment of speech
input of lengthn, the result is a list ofn⁄2 complex numbers that
define the amplitude and phase ofn⁄2 harmonics. If the complex
numberx + yi is treated as a vector in the complex plane, the am-
plitude is the magnitude of the vector,√ 2x + 2y . The phase angle
of the vector is measured in radians as arctan(y⁄x).While the mea-
surement of phase from the discrete Fourier transform is always
in the range−π.. π(due to the nature of the arctan function), the
information of interest, the phase of the filter, is not restricted to
that range. Because the measured phase is restricted in range, it
may exhibit2πjumps. The phase of the actual filter usually does
not have any discontinuities.

Most previous work has used the amplitude characteristics
for speech analysis (e.g. [1, 2, 3]). Prevailing wisdom among
linguists and speech processing experts is that the phase compo-
nent of speech does not carry useful information. Previous ex-
periments in which the phase of speech signals was intentionally
altered have showen that human listeners do not rely on phase
information to determine the content of speech [9]. From this
work, one can conclude that human speech perception is domi-
nated by the amplitude portion of the input. This does not im-
ply useful information is not carried by the phase component.

On the contrary, synthesized speech which contains phase infor-
mation most like human speech is more intelligible and natural
sounding than synthesized speech which does not [5, 6].Further-
more, speech synthesized by taking only the phase component
of natural speech, while sounding strange, retains a high degree
of intelligibility [7]. Finally, phase has proven effective in distin-
guishing highly similar phonemes in speech such as /m/ and /n/
[8].

2. Extracting phase

Extracting a useful phase signal from speech input is a non-
trivial problem. Unlike amplitude, phase is extremely time-sen-
sitive. That is,phase changes linearly with delay and proportion-
ally with harmonic frequency. While amplitude has a range of
0..∞, measured phase has a range of−π.. π. Furthermore, since
measured phase has a constrained range but the actual phase of
the filter does not, the measured phase can exhibit2πjumps even
though the actual phase is continuous. Finally, phase is unreli-
able at low amplitudes because a small change in position in the
complex plane can correspond to a large change in phase angle
when amplitude is small. Each of these issues will be detailed,
and solutions presented.

2.1. Subtracting phase changes caused by phase delay

Voiced speech is the result of applying a filter (supplied
by the mouth and nasal cavities) to the driving signal produced
by the vocal chords (glottal pulses). The filter is important in
determining mouth shape parameters. Therefore, in order to
eliminate the effect of the driving signal from the calculations,
the speech signal is processed over a single glottal pulse period
each time.1

In order to reduce the impact of noise in the calculations,an
average value is computed across the glottal pulse. For a glottal
pulse of lengthx samples starting at timet, amplitude and phase
are computed overx different signal windows. Each window is
of lengthx, but starts at timet + i wherei is between0andx − 1.
Amplitude and phase are then averaged over the glottal pulse pe-
riod. This does not present any problems for amplitude because
it typically does not vary significantly across the glottal pulse.
Phase, however, does vary across the glottal pulse, as shown in
figure 1. To obtain meaningful information from the averaging
process, the part of the phase variation caused by moving the
window (that is, phase delay) must be determined and removed.

The phase delay function may be derived by beginning
with time delay, a measure of the difference in starting time
between two different signal windows. Time delay is related

1Actually, two contiguous glottal pulses are used so that an average value for the
glottal pulse can be obtained by sliding a window of one GP length across the
two glottal pulses and averaging the results, as described later in this section.
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Figure 1. The phase (in radians) of the first harmonic from a piece of speech input
vs window start time (in samples) before correcting for change in phase due to
phase delay.

to phase by the equationD(ω) = −∂Φ
∂ω

, in whichω is equiva-

lent to harmonic number when time is expressed in terms of the
glottal pulse period (i.e. the window size in samples). From this
equation it can be derived thatΦ(ω) = −∫D(ω)∂ω . The ex-
pected phase function can be computed, examining what hap-
pens to phase when time delay increasesas the window advances.
Di+1(ω) = Di(ω) + ∆t ⇒ Φ i+1(ω) = − ∫Di(ω)∂ω −∫∆t∂ω =
Φi(ω) − ∆tω The effects of the moving window are removed

by subtracting the∆tω term, remembering that∆t must be ex-

pressed in terms of the window size as − 2πδ
windowsize + 1

whereδ

is the number of samples the window has moved. The∆t term
is negative because it representsadvancing the signal, rather than
delaying it, thus, it is a negative time delay. The phase at the first
harmonic completes its revolution through an entire2π in win-
dowsize increments. This requireswindowsize + 1samples, thus

accounting for the 2π
windowsize + 1

contribution to∆t.

After removing the effect of the sliding window from the
measured phase, the range of the result must be re-constrained.
The measured phase has constrained range and experiences2π
jumps, but the “delay corrected” phase calculation does not.
The resulting phase, therefore, will have a2πjump every place
the measured phase does, as shown in figure 5. Since there is no
particular advantage to using a range of−π.. πrather than0.. 2π,
the later is used because it is more efficient to compute. Both
ranges will exhibit some problems discussed in a later section.
This gives the final formula for computing the corrected phase:

mod(measuredPhase − 2πδω
windowsize + 1

, 2π). A more rigorous

derivation is given in [8].

The formula for delay corrected phase can be verified by
constructing an input signal using a known driving signal and
filter, such as in figure 2. The phases for several harmonics for
one pulse period of this function are shown in figure 3, along
with the corresponding expected phases. The corrected phases
corresponding to figure 3 are shown in figure 4.

2.2. Correcting for jumps

One of the first steps in the processing of phases, as in the
processing of amplitudes, is to average the phases to obtain a
single phase per harmonic per glottal pulse. Before this can be
done, the phase signal must be corrected to remove any2πjumps
which may appear.
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Figure 2. An artificially generated signal with an exponentially decaying pulse
repeated at intervals of 120. (Shown as signal amplitude vs sample number.)
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Figure 3. Some of the (uncorrected) phases of the first pulse period of the signal
shown in figure 2 appear on the left. The corresponding phases expected due to
phase delay are shown on the right. (Shown as phase vs sample number)
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Figure 4. The corrected phases corresponding to the phases in figure 3. The results
agree with the phases calculated for the constructed input signal. (Shown as phase
vs sample number)

Since the phase represents an angle in polar coordinates,
a change of±2π in phase is not really a change. Values which
are overπ apart are more likely to have crossed a2π bound-
ary and should be less thanπ apart. For example, consecutive
values of(2π − 0.1) and0.1 will be calculated as a change of
(0.2 − 2π), when the actual change in phase is more likely to
have been+ 0.2.

To eliminate the2πjumps, the phase signal is modified so
that no sample is further thanπaway from the previous sample.
This restriction means that the phase shift between to samples at
the highest harmonic frequency considered is assumed to have
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Figure 5. A comparison of the corrected phase vs input window start sample with and without correction for phase delay (as described in section 2.1). The figure shows
uncorrected phase (“original”),phase corrected for phase delay without correcting for2πjumps,both before and after having the range restricted to0.. 2π(“no mod” and “mod”,
respectively), and phase corrected for phase delay and corrected for2πjumps (“jump corrected”). In this example, the “mod” and “jump corrected” lines coincide because the
“mod” line is not near a2πboundary (and thus does not exhibit any jumps).

magnitude less thanπ. The results are shown in figure 6.

The correction for2π jumps must be performed any time
two angles are compared. The next step in the processing of
phases is to compute time delay, the difference in phase between
successive harmonics. Since the difference in phase is a dif-
ference between two angles, the result must be corrected for2π
jumps.

2.3. Starting the glottal pulse at minimum phase

As mentioned previously, speech input is separated into
glottal pulses, and the phase calculations are done over one glot-
tal pulse at a time. The glottal pulse tracker used to identify glot-
tal pulse boundaries is accurate to within a few samples. How-
ever, the tracker only identifies the length of the glottal pulses. It
would be ideal to also identify the start of the glottal pulse, de-
fined as the window where the phase calculation yields minimal
time delay, i.e. the slope of the phase vs harmonic is minimal.
This will provide more consistent results when performing aver-
aging of the derived phase characteristics.

Figure 7 shows the results of moving the input signal win-
dow by a few samples before computing phase. A line is fit
through the phases using the amplitudes as weights. The line
is weighted because phase is more likely to be correct when the
amplitude is high. This is discussed in further detail in a later
section. Figure 7 also shows the slope of this line in relation to
the amount the input signal window is offset. The window is
closest to the actual start of the glottal pulse when the slope of
the line is closest to 0.

Finding the exact beginning of the glottal pulse is computa-
tionally intensive. It is not clear that it is necessary to be so pre-
cise. Adequate results have been obtained by using a combina-
tion of finding an approximation for the beginning of the glottal
pulse and simply subtracting the slope of the best-fit line from
the phases.

3. Enhancing the phase signal

By far, the most difficult part of extracting useful informa-
tion from phase is dealing with areas of the input signal which
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Figure 6. A signal with range2π±.01before and after correcting for2π jumps.
Thex axis is in the time domain.

have a low signal to noise ratio. The amplitude component of
speech does not present much of a problem in this area, since the
amplitude is miniscule in areas of low or no signal. Phase, how-
ever, is essentially random in these areas. More accurately, any
phase information from a weak signal is easily overwhelmed by
noise and thus appears to be random. Figure 8 shows why this
is so.

Several techniques are presented which attempt to reduce
the amount of error in the extracted phase signal.

3.1. Strengthening the signal

One way of increasing the signal strength is to combine in-
formation from multiple glottal pulses. In order to do this, one
may exploit a property of the Fourier transform when applied to
periodic signals. For a signal consisting of a periodic functionf
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Figure 7. The results of moving the input signal window before computing phase. The window offset 5 is closer to the actual start of the glottal pulse because the slope of the
line fit through the phase is closer to 0.
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Figure 8. The effects of two different noise vectors (shown in red) with the same amplitude but different phase on various inputs (shown in black). When the amplitude of the
input is low, the noise vectors have a disproportionately large effect on the phase of the combined vectors (shown in dashed blue). Note that the figures do not share the same
scale. The noise vectors are identical in all three figures.

with periodp, the sums of certain harmonics of the Fourier trans-
form with window sizen ∗ p display certain properties. The val-
ue for harmonich ∗ n (“non-cancelling harmonics”) isn times
the value for harmonich of the Fourier transform of a single cy-
cle of f using window sizep. It is also true that the other harmon-
ics (“cancelling harmonics,” i.e., ones which are not an integer
multiple of n) are zero.1 This property has already been used for
n = 2to find the glottal pulse lengths. Similarly, the glottal pulse
length may be recomputed over a window of 5 GPs. In practice,
this value never deviates from the original GP length estimate by

1See [8] for further details.

more than 1, thus indicating the high quality of the glottal pulse
tracker. One also can calculate phase information using a 5 GP
window, processing the results as described in previous sections.
This reduces variance in the phase and increases signal strength
as illustrated in figure 9

3.2. Filtering weak signals

In some cases, the signal remains weak even after comput-
ing over 5 glottal pulses. In these cases it is necessary to filter
unusable portions of the phase signal. Several filtering methods
are presented below. The results of these methods are compared
in figure 10.
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Figure 9. Variance in measured phase is greatly reduced by calculating over a 5 GP window (“phase variance5”, right) rather than a 2 GP window (“phase variance”, left)
(shown as phase vs GP number). The fifth harmonic is shown (as signified by “n = 5”) because this is where the nasal filter appears to have a zero, and thus has lower amplitude
which is more susceptible to noise.

Amplitude

5 10 15 20 25

5000

10000

15000

20000

25000

30000

35000

Phase Variance

5 10 15 20 25

0.2

0.4

0.6

0.8

1

1.2

Time Delays

5 10 15 20

-3

-2

-1

1

2

3

Figure 10. Examples of the filters discussed in section 3.2. The amplitude and
phase variances are provided for reference. The results of applying the filters to
time delaysare overlayed in the chart. The original timedelaysare in gray. The am-
plitude filtered time delays are the dotted line. The phase variance filtered time de-
lays are the heavy black line. The x-axis on all of the charts is harmonic number.

3.2.1. Filter by amplitude

Since the signal can be assumed to be good when the am-
plitude is high, the phase signal is filtered based on a simple
amplitude threshold. Selecting a single threshold for all inputs
is problematic, as samples can vary widely in input speech vol-
ume. This problem can be reduced by selecting the threshold as
a percentage of the maximum amplitude of the input sample,but
this requiresa priori knowledge of the entire sample, and issues
could remain if the amplitude varies widely within the sample.

This method has the advantage of being simple and fast.
However, it makes the contribution of the amplitude to the re-
sulting signal very large. The techniques used to extract shape
parameters from the signal may pick out the shape of the filter
over the shape of the phase information. In particular, the inter-
esting region in the frequency spectrum for distinguishing /m/
and /n/ may have low amplitude. It is desirable to find a way to
filter the signal which minimizes the impact of the amplitude on

the result.

3.2.2. Filter by phase variance

This method removes the reliance on amplitude informa-
tion completely. One of the first steps in the processing is to
average the phases within each glottal pulse to produce a single
number per harmonic per glottal pulse. In addition to the mean,
the variance,which will be referred to as the phase variance,may
also be computed. The phase variance is inversely correlated
with amplitude in speech input. The phase signal (after aver-
aging) can then be subjected to a filter based on a threshold of
phase variance. Phase variance and the filtered phase signal are
actually computed separately, with separate thresholds, for the
phases computed using the normal 2 GP window and the extend-
ed 5 GP window.

Variance in the phase for a harmonic can come from two
sources: noise or change in phase across the glottal pulse. A
change in phase across the glottal pulse should result in a con-
stant slope on the corrected phase. Noise is assumed to produce
a more random phase signal, with a high variance. (These gen-
eralizations have held true in all of the author’s experimental ob-
servations.) Since the phase variance is to be used as a measure
of signal strength, any contribution from the change in phase
across the glottal pulse should be minimized or removed, since
such a change is a legitimate signal. This can be done by fitting
a line to the phase and subtracting it before computing the vari-
ance, thus removing any slope from the phase.

The phase variance is easy to compute, and removes the
reliance on amplitude information. Choosing the appropriate
phase variance threshold appears to be relatively straightfor-
ward, and has yielded reasonable results on the input samples
that have been considered thus far. Computing the variance of
the sine and cosine components separately may yield a more pre-
cise descriminator,but it is not clear that this is necessary. Future
work on this filter may include applying a moving average filter
to the phase variances before applying the threshold.

A variation on the phase variance filtering method is to
filter by variance in the change in phase between harmonics
(“delta-phase”). If the features to be extracted from the phase
signal are to be computed based on delta-phase (because, for ex-
ample, the shape of the curve is deemed more interesting that the
actual values), then it makes sense to filter on delta-phase. There
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are differences when filtering by phase vs. delta-phase, but they
do not appear to be significant. As shown in figure 11, they ap-
pear highly correlated.

4. Conclusion

We have shown how to extract the phase signal from voiced
segments of human speech. The method yields accurate (low
variance) results for speech at a sufficiently high amplitude,
but may have a large variance when the amplitude falls below a
certain threshold. We noted actions that may be taken in such
a contingency.

The phase signal proves useful in several venues of speech
processing, including the discrimination of hard-to-distinguish
phonemes such as /m/ and /n/ during such endeavors as speech
recognition or lip synchronization, as discussed in much detail
in [8].
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Figure 11. Phase variance and delta-phase variance vs harmonic number.
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