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Abstract

State-of-the-art automatic speech recognition systems (ASRs) use only the short-time magnitude spectrum for feature
extraction; the short-time phase spectrum is generally ignored in these systems. Results from our recent human listening
tests indicate that the short-time phase spectrum can significantly contribute to speech intelligibility over small window
durations (i.e., 20–40 ms). This is an interesting result, indicating the possible usefulness of the short-time phase spectrum
for ASR, which commonly employs small window durations of 20–40 ms for spectral analysis. In this paper, we continue
our investigation of the short-time phase spectrum. We explore the use of partial short-time phase spectrum information,
in the absence of all the short-time magnitude spectrum information, for intelligible signal reconstruction. We create two
types of stimuli; one in which its frequency-derivative (i.e., group delay function, GDF) is preserved and another in which
its time-derivative (i.e., instantaneous frequency distribution, IFD) is preserved. We do this to determine the contribution
that each of these derivatives provides toward intelligibility. Reconstructing stimuli from knowledge of only the GDF or
only the IFD results in poor intelligibility. However, when we create stimuli using knowledge of both the GDF and the
IFD, reasonable intelligibility is obtained. In light of these results, we conclude that both the GDF and IFD components
of the short-time phase spectrum are needed to reconstruct an intelligible signal. In addition, we also perform some exper-
iments to quantify the intelligibility of stimuli reconstructed from the short-time phase and magnitude spectra of noisy
speech. The intelligibility of stimuli constructed from either the short-time magnitude spectrum or the short-time phase
spectrum degrades at a similar rate under increasing noise levels. The intelligibility of the original signals under noisy con-
ditions also degrades with increased noise, but in all cases the intelligibility is superior to that provided by the stimuli con-
structed from the separate short-time components. Therefore, we argue that knowledge of both short-time magnitude and
phase spectrum information results in superior human speech recognition performance.
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1. Introduction

This paper is motivated by our desire to use the
short-time phase spectrum1 for automatic speech
recognition (ASR). The idea that the phase spec-
trum may be useful for ASR is not commonly
accepted. The argument against the use of the phase
spectrum for ASR can be attributed to some well-
known perception experiments conducted by several
authors (Schroeder, 1975; Oppenheim and Lim,
1981; Liu et al., 1997), the results of which strongly
suggest that the phase spectrum lacks intelligibility
information at small window durations used in
short-time Fourier analysis (20–40 ms). In addition,
from a signal processing viewpoint, the phase spec-
trum is difficult to interpret due to phase wrapping
and other problems (Murthy et al., 1989; Duncan
et al., 1989; Yegnanarayana and Murthy, 1992).
In its raw form, it is not possible to extract features
for ASR from the phase spectrum.

Schroeder (1975) and Oppenheim and Lim (1981)
concluded through their informal perception exper-
iments that the phase spectrum is important for
intelligibility when the window duration of the
short-time Fourier transform is large (>1 s), while
it seems to convey negligible intelligibility at small
window durations (20–40 ms). Liu et al. (1997)
investigated the intelligibility of the phase spectrum
through a more formal human speech perception
study. Their results, like the studies before it (Sch-
roeder, 1975; Oppenheim and Lim, 1981), show that
the phase spectrum contributes little intelligibility at
small window durations (20–40 ms). However, we
have recently suggested a number of modifications
to Liu’s experimental procedure,2 producing results
which are different from Liu’s results and more
interesting from an ASR viewpoint (Paliwal and
Alsteris, 2003; Alsteris and Paliwal, 2004; Paliwal
and Alsteris, 2005). Our results indicate that, even
for small window durations (20–40 ms), the phase
spectrum can contribute to speech intelligibility as
much as the magnitude spectrum. This provides
the motivation to investigate the use of the phase
spectrum to derive an alternative, or supplemental,
feature representation for ASR (which generally
1 Throughout this paper, the modifier ‘short-time’ is implied
when mentioning the phase spectrum and the magnitude
spectrum.

2 For a detailed comparison of Liu’s procedure and our
procedure, refer to (Paliwal and Alsteris, 2005).
uses small window durations of 20–40 ms for spec-
tral analysis).

Unlike the magnitude spectrum, resonances can
not be observed in the phase spectrum. A physical
connection between the phase spectrum and the
structure of the vocal apparatus is not apparent.
The phase spectrum values suffer from wrapping
and other problems (Murthy et al., 1989; Duncan
et al., 1989; Yegnanarayana and Murthy, 1992). It
is therefore necessary that the phase spectrum be
transformed into a more tangible representation,
which does not suffer from the aforesaid problems.
The short-time phase spectrum has two independent
variables: frequency and time. Thus, while there
may be many ways to represent the information
present in the phase spectrum, two representations
that first come to mind are those that can be
obtained either by taking its frequency-derivative
or its time-derivative. Signal processing issues
related to the frequency-derivative of the phase
spectrum, commonly known as the group delay
function3 (GDF), have been discussed extensively
in the literature (Oppenheim and Schafer, 1975;
Yegnanarayana et al., 1984; Yegnanarayana and
Murthy, 1992; Bozkurt et al., 2004). Also, the
GDF has been used in a number of speech pro-
cessing applications; such as formant extraction
(Murthy et al., 1989; Duncan et al., 1989), pitch
extraction (Smits and Yegnanarayana, 1995;
Satyanarayana and Yegnanarayana, 1999), spectrum
estimation (Yegnanarayana and Murthy, 1992),
minimum-phase signal reconstruction (Yegnanara-
yana et al., 1984), speech segmentation (Prasad
et al., 2004), and speaker identification (Hegde
et al., 2004a). Murthy and her colleagues have
recently used GDF-based features for ASR (Murthy
and Gadde, 2003; Hegde et al., 2004b,c; Alsteris and
Paliwal, 2005). The time-derivative of the phase
spectrum, most often referred to as the instanta-
neous frequency distribution (IFD), has been used
in the past for pitch extraction (Abe et al., 1995;
Charpentier, 1986; Nakatani et al., 2003) and
formant extraction (Potamianos and Maragos,
1996; Friedman, 1985). Potamianos and Maragos
(2001), Dimitriadis and Maragos (2003), Paliwal
and Atal (2003) and Wang et al. (2003) have
recently investigated IFD-based features for ASR.

As mentioned earlier, we have recently estab-
lished that significant intelligibility is provided by
3 Also referred to as group delay spectrum.
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the phase spectrum at small window durations of
20–40 ms. This paper continues our investigation
of the phase spectrum, serving to satisfy two objec-
tives: (1) We explore the use of partial phase spec-
trum information, in the absence of all the
magnitude spectrum information, for intelligible
signal reconstruction. Using the same analysis–
modification–synthesis procedure as we did in (Pal-
iwal and Alsteris, 2003; Alsteris and Paliwal, 2004;
Paliwal and Alsteris, 2005), we will create two types
of stimuli; one in which the phase spectrum
frequency-derivative (i.e., GDF) is preserved and
another in which the phase spectrum time-derivative
(i.e., IFD) is preserved. We do this to determine the
contribution that each component of the phase
spectrum provides toward intelligibility. If we
obtain significant intelligibility from either com-
ponent, then it would be wise to investigate the
component’s potential as a basis for an ASR
representation. Conversely, if we obtain poor intel-
ligibility, perhaps we should consider other phase
spectrum representations (other than the GDF
and IFD). (2) Ultimately, the speech community is
searching for ASR features that are robust to noise.
Hence, in addition to the first objective, we also per-
form some experiments to quantify the intelligibility
of stimuli reconstructed from the phase spectrum
and the magnitude spectrum of noisy speech.4

The paper outline is as follows: In Section 2, we
detail the analysis–modification–synthesis proce-
dure (reported earlier in Paliwal and Alsteris,
2003; Alsteris and Paliwal, 2004; Paliwal and Als-
teris, 2005) used to create the stimuli for the human
perception experiments. In Section 3, we describe
three experiments. The first experiment has been
reported earlier (Paliwal and Alsteris, 2003; Alsteris
and Paliwal, 2004; Paliwal and Alsteris, 2005); how-
ever, it is presented here for the sake of complete-
ness. In this experiment, we determine the amount
of intelligibility provided by the phase spectrum
and the magnitude spectrum at small window dura-
tions (32 ms). In the second experiment, we synthe-
size stimuli from knowledge of only partial phase
spectrum information (i.e., GDF or IFD), in order
to determine the contribution that each component
of the phase spectrum provides toward intelligibil-
ity. In the third experiment, we determine the intel-
4 Thus far (see Paliwal and Alsteris, 2003; Alsteris and Paliwal,
2004; Paliwal and Alsteris, 2005), all of our perception experi-
ments have been performed with stimuli created from clean
speech.
ligibility of the phase spectrum and the magnitude
spectrum under noisy conditions.

2. Analysis–modification–synthesis procedure
(Paliwal and Alsteris, 2003; Alsteris and Paliwal,

2004; Paliwal and Alsteris, 2005)

Although speech is a non-stationary signal, it is
generally assumed to be quasi-stationary and, there-
fore, can be processed through a short-time Fourier
analysis (Allen and Rabiner, 1977; Crochiere, 1980;
Griffin and Lim, 1984; Portnoff, 1981; Quatieri,
2002). The short-time Fourier transform (STFT)
of a speech signal, x(t), is given by

X ðx; tÞ ¼
Z 1

�1
xðsÞwðt � sÞe�j2pxt ds; ð1Þ

where w(t) is a window function. In ASR, the Ham-
ming window function (Nuttall, 1981) is typically
used and its duration is normally 20–40 ms.

We can decompose X(x, t) as follows:

X ðx; tÞ ¼ jX ðx; tÞjej/ðx;tÞ; ð2Þ

where jX(x, t)j is the short-time magnitude spectrum
and /(x, t) = \X(x, t) is the short-time phase spec-
trum. The signal x(t) is completely characterized
by its short-time magnitude and phase spectra.

The aim of the experiments in Section 3 is to
determine the contribution that the phase spectrum
(and partial phase spectrum) and the magnitude
spectrum provide toward speech intelligibility.
Accordingly, stimuli are created either from knowl-
edge of the phase spectrum values or the magnitude
spectrum values. In order to construct, for example,
an utterance from the phase spectrum values, the
signal is processed through the STFT analysis using
Eq. (1) and the magnitude spectrum is made unity in
the modified STFT, bX ðx; tÞ; that is,

bX ðx; tÞ ¼ ej/ðx;tÞ. ð3Þ
This modified STFT is then used to synthesize the
signal x̂ðtÞ using the overlap-add method (Allen
and Rabiner, 1977; Griffin and Lim, 1984). The syn-
thesized signal, x̂ðtÞ, contains all the information
about the short-time phase spectra contained in
the original signal x(t), but will have no information
about the short-time magnitude spectra. We refer to
this procedure as the STFT phase-only synthesis and
the utterances synthesized by this procedure as the
phase-only utterances. Similarly, for generating
magnitude-only utterances, we retain each frame’s
magnitude spectrum and randomise each frame’s
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Fig. 1. Speech analysis–modification–synthesis system, used to
create stimuli for our human perception experiments.

6 Experiment 1 has been mentioned in a series of our papers
(Paliwal and Alsteris, 2003; Alsteris and Paliwal, 2004; Paliwal
and Alsteris, 2005) as it provides the foundation and motivation
for continued experimentation. Therefore, once again, we provide
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phase spectrum; that is, the modified STFT is com-
puted as follows:

bX ðx; tÞ ¼ jX ðx; tÞjejhðx;tÞ; ð4Þ
where h(x, t) is a random variable uniformly distrib-
uted between 0 and 2p.

In the STFT-based analysis–modification–syn-
thesis system of Fig. 1, there are a number of design
issues that must be addressed. First, what type of
window function, w(t), should be used for comput-
ing the STFT (Eq. (1))? In Experiment 1, we inves-
tigate the use of both tapered windows (specifically,
a Hamming window and a triangular window) and
a rectangular window. Second, what should be the
duration, Tw, of the window function? In our work,
we investigate a small duration of 32 ms, since this is
similar to the size used for ASR. Third, how often
should we compute the STFT; i.e., how often should
we sample the STFT across the time axis in order to
avoid aliasing during reconstruction? The STFT
sampling period is decided by the window function,
w(t), used in the analysis. For example, for a Ham-
ming window, the sampling period should be at
most Tw/4 (Allen and Rabiner, 1977). To be on
the safer side, we have used a sampling period of
Tw/8. Although the rectangular and triangular win-
dows can be used with a larger sampling period, we
use the same sampling period (i.e., Tw/8) to main-
tain consistency.5 The last design issue to consider
is that of zero-padding. For a windowed frame of
5 We also refer to the STFT sampling period as the frame shift.
N samples (where N is a power of 2), the DFT is
computed using the fast Fourier transform (FFT)
algorithm with a FFT size of 2N points. This is
equivalent to appending N zeros to the end of the
N-length frame prior to performing the FFT. An
inverse FFT of the modified STFT results in a
reconstructed signal of length 2N. Only the first N

points are retained, while the last N points are dis-
carded. This is done in order to minimise aliasing
effects.

3. Human perception experiments (Paliwal and
Alsteris, 2003; Alsteris and Paliwal, 2004; Paliwal

and Alsteris, 2005)

3.1. Experiment 1

In this experiment, we create phase-only stimuli
and magnitude-only stimuli in accordance with the
analysis–modification–synthesis procedure detailed
in Section 2. We compare the intelligibility of both
types of stimuli using rectangular, triangular, and
Hamming analysis windows.6

We record 16 commonly occurring consonants in
Australian English in aCa context, spoken in a car-
rier sentence ‘‘Hear aCa now’’. For example, for the
consonant /d/, the recorded utterance is ‘‘Hear ada
now’’. These 16 consonants in the carrier sentence
are recorded for four speakers: two males and two
females, totaling 64 recordings. The recordings are
sampled at 16 kHz (16-bit). Each recording is
processed, as described in Section 2, to retain either
only the phase spectrum information or only the
magnitude spectrum information.

As listeners, we use 12 native Australian English
speakers with normal hearing, all within the age
group of 20–35 years. The reconstructed signals
and the original signals are played in random order
to each listener. The task is to identify each utter-
ance as one of the 16 consonants. The results are
summarised in Table 1. Note that there are 768
tokens used for the evaluation of each stimuli type
(i.e., four speakers, each speaking 16 consonants,
all of which are presented to 12 listeners).
a summary of the experimental setup and results for the
convenience of the reader. For the most comprehensive descrip-
tion of this experiment, refer to (Paliwal and Alsteris, 2005).



Table 1
Result for Experiment 1 (Paliwal and Alsteris, 2005)

Type of stimuli Analysis window type (%)

Hamming Triangle Rectangle

Original 89.9 89.9 89.9
Magnitude-only 84.2 84.0 78.1
Phase-only 59.8 53.8 79.9

Average consonant intelligibility of phase-only and magnitude-
only stimuli (a frame duration of 32 ms is used in the STFT
analysis). Results for three analysis window types are given.

8 The raw phase spectrum values are only meaningful in the
context of a fixed-time reference. All that we have lost in this
reconstructed signal is the original fixed-time reference. Time
referencing is now in relation to the phase spectrum values of the
first frame (i.e., we still have a time reference, but it is different to
that of the original phase spectra values).

9 For reference, the average Experiment 1 intelligibility scores
for the four listener subset were: original intelligibility was 91.8%,
and phase-only (rectangular window) intelligibility was 85.5%.
10 The intelligibility of the original signals and the phase-only

stimuli are both higher than that reported in the Experiment 1.
This can most likely be attributed to the following two reasons:
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It is observed that when a rectangular analysis
window is used (at an analysis duration of 32 ms)
in the analysis–modification–synthesis system, the
phase spectrum conveys a large amount of intelligi-
bility (79.9%). Note that in previous studies
(Schroeder, 1975; Oppenheim and Lim, 1981; Liu
et al., 1997), results were produced with a tapered
window. The intelligibility conveyed by the magni-
tude spectrum is maximised when a Hamming win-
dow is used (intelligibility of 84.2%). The triangular
window provides similar results (intelligibility of
84.0%).7 Accordingly, in the following experiments,
the phase-only stimuli are constructed with a rectan-
gular analysis window and the magnitude-only stim-
uli are constructed with a Hamming analysis
window. These results have been analysed in detail
in (Paliwal and Alsteris, 2005). A discussion of
why the rectangular window may provide better
intelligibility than a tapered window for phase-only
stimuli is provided in Appendix A.

3.2. Experiment 2

In this section, we explore the use of partial phase
spectrum information for intelligible signal recon-
struction. In addition to the phase-only stimuli, we
create the following types of stimuli from the origi-
nal 64 utterances, using the analysis–modification–
synthesis framework described in Section 2 (using
a rectangular analysis window of duration 32 ms):

(1) IFD-only stimuli: Take the phase spectrum of
each short-time section and randomise it
across frequency, such that d/(x, t)/dt is pre-
served. In other words, add the same random
sequence (across frequency) to the phase spec-
7 While many other observations about this data can be made,
we only discuss what is relevant in the context of this paper. For a
complete discussion of these results and significance figures, see
(Paliwal and Alsteris, 2005).
trum values of each frame. The resulting phase
spectra are used in place of the original phase
spectra in the reconstruction algorithm (and
magnitude spectra are set to unity).

(2) GDF-only stimuli: In a similar vein, take the
phase spectrum of each short-time section and
randomise it across time, such that d/(x, t)/
dx is preserved. That is, generate a random
sequence whose length is equal to the number
of frames in the utterance, then add this same
sequence to the time-trajectory of the phase
spectrum values for each DFT bin. Reconstruc-
tion is performed with the resulting phase spec-
tra (and magnitude spectra are set to unity).

(3) IFD + GDF stimuli: We reconstruct a signal
from the knowledge of both d/(x, t)/dt and
d/(x, t)/dx. In order to do this, we must first
reconstruct the phase spectra from these
known quantities. Notice that the first-seg-
ment phase spectrum can only be recon-
structed to within a time-shift of the original
first-segment phase spectrum, since all we
know about it is d/(x, t)/dt. The remaining
segments are reconstructed in relation to this
segment. Consequently, we cannot recover
the original phase spectra.8 Reconstruction is
performed with the altered phase spectra
(and magnitude spectra are set to unity).

In this experiment we employ five listeners (a
subset of four listeners9 from the 12 used in Exper-
iment 1 and one new listener). The reconstructed
signals and the original signals are played in random
order to each listener. The average consonant iden-
tification scores10 are given in Table 2. Note that
(1) these results are based on a subset of listeners used in
Experiment 1 (plus one additional listener), and (2) this exper-
iment was conducted at a different time and location than
Experiment 1. Regardless, the absolute intelligibility scores are
not that important; it is the relative intelligibility that is more
interesting.



Table 2
Results for Experiment 2

Type of stimuli Intelligibility score (%)

Original 95.3
IFD-only 50.9
GDF-only 53.8
IFD + GDF-only 85.6
Phase-only 86.9

Average consonant intelligibility of stimuli constructed from
partial phase spectrum information (rectangular analysis window
of duration 32 ms used in the STFT analysis).

11 For reference, the average Experiment 1 intelligibility scores
for the two listener subset were: original intelligibility was 92.2%,
and phase-only (rectangular window) intelligibility was 84.4%.
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there are 320 tokens used for the evaluation of each
stimuli type (i.e., four speakers, each speaking 16
consonants, all of which are presented to five
listeners).

Reconstructing stimuli from knowledge of only
the IFD or the GDF results in poor intelligibility:
the intelligibility of the stimuli reconstructed from
knowledge of only the IFD is 50.94% and the intel-
ligibility of the stimuli reconstructed from knowl-
edge of only the GDF is 53.75%. However, when
we create stimuli using knowledge of both the
IFD and the GDF, intelligibility on par with the
stimuli reconstructed from the original phase spec-
tra is achieved: the intelligibility of the stimuli
reconstructed from knowledge of both the IFD
and GDF is 85.63% and the intelligibility of the
stimuli reconstructed from knowledge of the origi-
nal phase spectra is 86.88%. The results imply that
both IFD and GDF are required for good intelligi-
bility from the phase spectrum. Furthermore, the
intelligibility score of the original signals is by far
the best (95.31%). That is, all of the phase spectrum
and the magnitude spectrum information must be
retained for superior intelligibility. This will be
addressed further in Experiment 3.

3.3. Experiment 3

This experiment serves to quantify the intelligibil-
ity provided by the phase spectrum and the magni-
tude spectrum components of the STFT, under
noisy conditions. In accordance with the results of
Section 2, we use a rectangular analysis window to
construct the phase-only stimuli and a Hamming
analysis window to construct the magnitude-only
stimuli. Once again, the duration of the analysis
window is 32 ms (which complies with the standard
frame sizes of 20–40 ms used in ASR). This time,
however, the 64 original utterances are contami-
nated with white noise over several signal-to-noise
ratios (SNRs) of �10 dB, 0 dB, 10 dB, 20 dB and
1 dB (i.e., no noise added). We employ listeners
(one new listener and a subset of two listeners11

from the 12 used in Experiment 1). The recon-
structed signals and the noisy original signals are
played in random order to each listener. The aver-
age consonant identification scores are plotted in
Fig. 2. Note that there are 192 tokens used for the
evaluation of each stimuli type (i.e., four speakers,
each speaking 16 consonants, all of which are pre-
sented to three listeners).

The results indicate that the intelligibility of both
the phase-only stimuli and the magnitude-only stim-
uli degrade at a similar rate under decreasing SNR
value. While the intelligibility provided by the origi-
nal signals also degrades at a similar rate, the intel-
ligibility is consistently better than that provided by
the phase-only stimuli and the magnitude-only stim-
uli. It is particularly interesting to see that the intel-
ligibility provided by the original signals is far better
than that provided by the magnitude-only stimuli.
This result seems to be at odds with the common
practice in ASR; which is to discard the phase spec-
trum in favour of features that are derived only
from the magnitude spectrum. Should ASR features
also encapsulate information about the phase spec-
trum? According to these perception results, robust-
ness in human speech recognition requires that both
the magnitude spectrum and the phase spectrum be
retained (where a frame duration of 32 ms is used in
the STFT analysis). Thus, a feature set that repre-
sents information from both the magnitude spec-
trum and the phase spectrum may result in
improved ASR performance.
4. Summary

The results from our previous study (Paliwal and
Alsteris, 2005) demonstrate that significant intelligi-
bility can be obtained from the short-time phase
spectrum of speech at small analysis window dura-
tions of 20–40 ms. These results may have positive
implications for ASR, which commonly employs
analysis window durations of 20–40 ms for spectral
analysis.

Experiment 1 was a reproduction of the pertinent
details and results of an experiment previously
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12 One of the reviewers of this paper mentioned that the phase
spectrum may carry intelligibility information only up to 1 kHz.
The reviewer has suggested that we perform additional experi-
mentation in order to explore this phenomenon. We provide
preliminary results in Appendix B.
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described in (Paliwal and Alsteris, 2005). In this
experiment, we showed that when a rectangular
analysis window is used (at an analysis duration of
32 ms) in the analysis–modification–synthesis sys-
tem, the phase spectrum conveys a large amount
of intelligibility.

In Experiment 2, we synthesized stimuli from
knowledge of only the time-derivative of the phase
spectrum information or only the frequency-deriva-
tive of the phase spectrum (i.e., IFD or GDF), in
order to determine the contribution that each com-
ponent provides toward intelligibility. Reconstruct-
ing stimuli from knowledge of only the IFD or
only the GDF results in poor intelligibility. How-
ever, when we create stimuli using knowledge of
both the IFD and the GDF, reasonable intelligibility
is obtained. The results imply that both the IFD and
GDF are required for good intelligibility from the
phase spectrum. Note that, although the IFD and
GDF are derived from the phase spectrum, neither
of these quantities are fully representative of the
information in the phase spectrum. The results of
this experiment suggest that a possible avenue of
future research could be to derive a feature represen-
tation from both the IFD and GDF information;
such a representation would more faithfully describe
the information in the phase spectrum and perhaps
provide improved recognition performance over fea-
tures based on the individual components.
In Experiment 3, we determined the intelligibility
of the phase spectrum and the magnitude spectrum
under noisy conditions. We observed that the intel-
ligibility provided by both phase-only and magni-
tude-only stimuli degrades at a similar rate under
decreasing SNR value. That is, one component is
no more robust than the other. However, while
the intelligibility provided by the original signals
also degrades at a similar rate, it is consistently bet-
ter than the intelligibility provided by either the
phase-only or magnitude-only stimuli. Therefore,
we argue that superior human speech recognition
requires that both the magnitude spectrum and the
phase spectrum be retained (where a frame duration
of 32 ms is used in the STFT analysis). This result
does not agree with the common practice in ASR;
which is to discard the phase spectrum in favour
of features that are derived only from the magnitude
spectrum. A feature set that represents informa-
tion from both the magnitude spectrum and the
phase spectrum may result in improved ASR
performance.12
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Appendix A. A qualitative discussion on the effect

of window shape for construction of phase-only

and magnitude-only stimuli

The multiplication of a speech signal with a win-
dow function is equivalent to the convolution of the
speech spectrum S(x) with the spectrum W(x) of
the window function (we ignore the time depen-
dency in this discussion). The window’s magnitude
spectrum13 jW(x)j has a big main lobe and a num-
ber of side lobes. This causes two problems: (1) fre-
quency resolution problem and (2) spectral leakage
problem. The frequency resolution problem is
caused by the main lobe of jW(x)j. When the main
lobe is wider, a larger frequency interval of the
speech spectrum gets smoothed and the frequency
resolution problem becomes worse. The spectral
leakage problem is caused by the sidelobes; the
amount of spectral leakage increases with the mag-
nitude of the side lobes. For magnitude-only utter-
ances, we want to preserve the true magnitude
spectrum of the speech signal. For the estimation
of the magnitude spectrum, frequency resolution
as well as spectral leakage are serious problems.
Since the Hamming window has a wider main lobe
and smaller side lobes in comparison to the rectan-
gular window, the Hamming window provides a
better trade-off between frequency resolution and
spectral leakage than the rectangular window and,
hence, it results in higher intelligibility for the mag-
nitude-only utterances. For the estimation of the
phase spectrum, it seems that the side lobes do not
cause a serious problem; the smoothing effect
caused by the main lobe appears to be more serious.
It is because of this that the rectangular window
results in better intelligibility than the Hamming
window for phase-only utterances. Reddy and
Swamy (1985) have also recommended the use of
a rectangular window function in the computation
of the group delay spectrum, which is a frequency-
derivative of the phase spectrum.

Appendix B. Intelligibility provided by bandlimited

magnitude-only and phase-only stimuli

We provide the preliminary results of an experi-
ment in which we attempt to determine the intelligi-
13 The window’s phase spectrum \W(x) is a linear function of
frequency and, hence, does not cause a problem in estimating the
speech spectrum S(x).
bility of bandlimited magnitude-only and phase-
only stimuli.

According to Delgutte (1996), ‘‘The phase-lock-
ing of auditory nerve fiber responses to sinusoidal
stimuli falls off rapidly for frequencies above
1 kHz, until it becomes very hard to detect for fre-
quencies above 4–5 kHz’’. One of the reviewers of
this paper mentioned that the phase spectrum may
carry intelligibility information only up to 1 kHz.
The reviewer has suggested that we explore this phe-
nomenon using our analysis–modification–synthesis
framework. In order to do this, we first create a
finite impulse response (FIR) low-pass filter. This
is designed using Parks–McClellan optimal equirip-
ple method (201 coefficients, passband edge fre-
quency of 1 kHz, and stopband edge frequency of
1.15 kHz such that stopband attenuation is approx-
imately 40 dB). For interest, we also create an FIR
high-pass filter to explore the importance of the
phase spectrum above 1 kHz (201 coefficients, stop-
band edge frequency of 1 kHz and passband edge
frequency of 1.15 kHz).

We conceive of three ways to apply these filters:

(1) Pre-modification filtering: Filter each of the 64
original VCV speech signals and subsequently
create the magnitude-only and phase-only
stimuli from these.

(2) Post-modification filtering: Filter the magni-
tude-only and phase-only signals.

(3) Pre- and post-modification filtering: Filter the
original signals and apply the filter again to
the magnitude-only and phase-only stimuli.
Note that magnitude-only and phase-only
modifications on a bandlimited signal will
introduce measurable magnitudes at frequen-
cies outside of the band due to STFT mod-
ifications (since STFT modification is a
non-linear process).

This results in 17 types of stimuli for this experi-
ment (this also includes the non-bandlimited origi-
nal, magnitude-only, and phase-only signals). The
magnitude-only and phase-only modifications are
made in the same way as described in Experiments
2 and 3 (i.e., 32 ms window, 1/8 overlap, Hamming
window for magnitude-only stimuli and rectangular
window for phase-only stimuli). The stimuli types
and their associated intelligibility scores are pre-
sented in Table B.1. At this point in time, we have
only collected the results of one listener (therefore,
there are only 64 tokens used for the evaluation of



Table B.1
Average consonant intelligibility of stimuli constructed from
bandlimited speech

Type of stimuli Intelligibility
score (%)Category Filter type Filter position

Original None n/a 95.3
Low-pass n/a 84.4
High-pass n/a 96.9

Phase-only None n/a 93.8
Low-pass Pre 64.1

Post 82.8
Both 64.1

High-pass Pre 76.6
Post 75.0
Both 73.4

Magnitude-only None n/a 89.1
Low-pass Pre 46.9

Post 70.3
Both 48.4

High-pass Pre 95.3
Post 82.8
Both 89.1
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each stimuli type). The following indicative observa-
tions can be made14:

• For low-pass filtering, on average, the intelligibil-
ity of phase-only stimuli seems to be better than
that of magnitude-only stimuli (average intelligi-
bility of low-pass phase-only stimuli is 70.3% and
average intelligibility of low-pass magnitude-only
stimuli is 54.7%).

• For high-pass filtering, on average, the intelligi-
bility of magnitude-only stimuli seems to be bet-
ter than that of phase-only stimuli (average
intelligibility of high-pass phase-only stimuli is
75.0% and average intelligibility of high-pass
magnitude-only stimuli is 89.1%).

• For both magnitude-only and phase-only stimuli,
low-pass filtering seems to be best when applied
as post-modification filtering.

These preliminary results seem to indicate that
below 1 kHz the phase spectrum is providing more
toward intelligibility than the magnitude spectrum.
Further testing will enable us to verify these findings
conclusively.
14 The significance of these statements will be verified by
collecting more data and subsequently presented in a future
paper.
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