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Abstract 

Common speech enhancement methods based on the short-time Fourier analysis–modification–synthesis (AMS) framework, modify the 
magnitude spectrum while keeping the phase spectrum unchanged. This is justified by an assumption that the phase spectrum can be seen 
as unimportant to speech quality, and hence the noisy phase spectrum can be used as a reasonable estimate of the clean phase spectrum in 
signal reconstruction. In this work we show, by using an ideal magnitude estimator, that corruption in the phase spectrum can still affect 
the quality of the resulting speech in low SNR environments. Furthermore, we quantify the distortion in the phase spectrum which can be 
tolerated before it begins to affect speech quality. This is done through a series of experiments, using both subjective and objective tests, 
and statistical analysis to evaluate the results. The results show that the phase spectrum computed from noisy speech can be used as an 
estimate of the phase spectrum of the clean signal without noticeably affecting perceived speech quality, only if the segmental SNR of the 
noisy speech signal is greater than 7 dB. 
© 2016 Elsevier B.V. All rights reserved. 
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1. Introduction 

The enhancement of speech has received much attention
in recent years, both as a way of improving the human lis-
tening experience across various devices and environments,
and to improve the performance of automatic speech recog-
nition systems. As a result, there is an extensive number of
speech enhancement methods in the literature. Some process
the speech signal in the time domain, others in the frequency
domain, some modifying either the magnitude or phase spec-
trum only, others process the complex spectrum. The choice
of which method is best suited to an application is influenced
by many factors, including the end purpose of the enhanced
signal, any computational constraints, and most significantly,
the type and level of noise present in the signal. Some of
the most popular speech enhancement methods are Spectral
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ubtraction ( Boll, 1979; Lim and Oppenheim, 1979 ), MMSE
agnitude estimation ( Ephraim and Malah, 1984 ), Kalman
ltering ( Paliwal and Basu, 1987 ), Wiener filtering ( Wiener,
949 ) and Subspace methods ( Ephraim and Van Trees, 1995 ).
 detailed description of these methods can be found in

 Loizou, 2007 ). 
Many of the popular enhancement methods in the liter-

ture process speech signals in the frequency domain with
 short-time Fourier analysis–modification–synthesis (AMS)
ramework ( e.g. , Boll, 1979; Berouti et al., 1979; Ephraim
nd Malah, 1984; 1985 ), and modify only the short-time mag-
itude spectrum 

1 (MS) of the noisy speech signal, in order
o suppress noise and improve quality. Speech is then recon-
tructed by combining the short-time phase spectrum (PS) of
he noisy signal with the processed MS. This use of the noisy
S in stimuli reconstruction is typically justified by the as-
umption that the PS carries little speech information when
1 In the remain der of this paper, when referencing the magnitude and phase 
pectra the STFT modifier will be implied. 

http://crossmark.crossref.org/dialog/?doi=10.1016/j.specom.2016.04.005&domain=pdf
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rocessing stimuli using short window durations ( Oppenheim
t al., 1979; Shannon and Paliwal, 2006; Wang and Lim,
982 ). Use of the noisy phase spectrum is also justified by the
act that it can be shown to be the minimum mean square er-
or estimate of the clean phase spectrum ( Ephraim and Malah,
984 ). 

More recent studies suggest that the PS can contribute use-
ul information to speech intelligibility ( Alsteris and Paliwal,
004; 2006; Paliwal and Alsteris, 2003; Shi et al., 2006 ), as
ell as to quality ( Paliwal et al., 2011; Vary, 1985 ), moti-
ating investigations into the benefits of processing phase for
peech enhancement ( e.g. , Stark et al., 2008; Krawczyk and
erkmann, 2014; Mowlaee and Kulmer, 2015 ). More specif-

cally, Paliwal et al. (2011) have used noisy speech as input
o an AMS system, replaced the noisy phase spectrum by the
orresponding clean phase spectrum, and found the quality
f the synthesised speech to be better than that of the noisy
peech. Vary (1985) , on the other hand, used clean speech as
nput to the AMS system, modified the phase spectrum by
dding phase distortion to it, and found audible roughness in
he synthesised speech provided the amount of additive distor-
ion was greater than a certain threshold. When this distortion
as less than this threshold, the synthesised speech sounded

imilar to the original clean speech. Through informal listen-
ng, he found this threshold to be π /8 to π /4. He related this
hreshold analytically to an instantaneous spectral signal-to-
oise ratio (I-SNR) value equal to 6 dB ( Vary, 1985 ). This
hreshold can be called the just noticeable difference (JND)
n the phase spectrum. 

In the present paper, our aim is to determine, through for-
al listening experiments, this JND in terms of additive phase

istortion introduced to the phase spectrum. For this purpose
e conduct four experiments, which are reported in the sec-

ions below. In the first experiment, we consider the approach
f Vary (1985) , and quantify the additive phase distortion
hich results in a JND in speech quality. In the second ex-
eriment, we quantify the JND with respect to I-SNR. The
hird experiment, then quantifies the JND with respect to a
lobal segmental SNR, which can be applied to an entire
peech utterance. The fourth experiment quantifies the JND
ith respect to I-SNR where the clean magnitude spectrum

s estimated from the noisy spectrum using the log-MMSE
 Ephraim and Malah, 1984 ) speech enhancement algorithm.
indings are then summarised in the last section. 

. Analysis–modification–synthesis framework 

As mentioned in the introduction, many enhancement 
ethods utilise a short-time Fourier analysis–modification–

ynthesis (AMS) framework, and modify just the magnitude
pectrum, using the phase spectrum calculated from the noisy
ignal in stimuli reconstruction. In this study, we aim to quan-
ify the effect of noise in the phase spectrum on the resulting
peech quality. Therefore, like previous efforts to investigate
he relative significance of the magnitude and phase spectral
omponents, we make use of the short-time Fourier AMS
ramework. Using this framework, the speech signal is de-
omposed into its short-time magnitude and phase spectral
omponents, which can be modified according to the asso-
iated treatment method (as described for each experiment).
or reference, the AMS framework (as applied in this work)

s described as follows. 
In the analysis stage, short-time Fourier transform (STFT)

nalysis is applied to the discrete-time input signal to produce
he complex frequency spectrum X ( n, k ). For a discrete-time
ignal x ( n ), the STFT is given by 

 (n, k) = 

∞ ∑ 

l= −∞ 

x(l ) w(n − l ) e − j2πkl/N , (1)

here n refers to the discrete-time index, k is the index of the
iscrete frequency, N is the frame duration (in samples), and
 ( n ) is the analysis window function. In speech processing,
 frame duration of 20–40 ms is typically used, with a Ham-
ing window used as the analysis window function ( Huang

t al., 2001; Paliwal and Wójcicki, 2008; Picone, 1993 ). In
olar form, the STFT of the speech signal can be written as

 (n, k) = | X (n, k) | e j∠ X (n,k) , (2)

here | X ( n, k )| denotes the short-time magnitude spectrum
nd � X ( n, k ) denotes the short-time phase spectrum. 

In the modification stage, the magnitude and/or phase spec-
rum can be modified according to the treatment being ap-
lied. In this work, our goal is to investigate the effects of
dding noise to the phase spectrum only. Therefore, we only
odify the phase spectrum while leaving the magnitude spec-

rum unchanged. The modified complex spectrum 

̂ Y (n, k) is
herefore given by the combination of the clean magnitude
pectrum | X ( n, k )| and the modified phase spectrum � Y ( n, k ),
hat is 

 

 (n, k) = | X (n, k) | e j∠ Y (n,k) . (3)

inally, the synthesis stage reconstructs the modified speech,
 ( n ), by applying the inverse STFT to the modified spectrum,
ollowed by least-squares overlap-add synthesis ( Quatieri,
002 )): 

(n) = 

∞ ∑ 

l= −∞ 

[ ( 

1 

N 

N−1 ∑ 

k=0 

Y (l, k)e j2πnk/N 

) 

w s (l − n) 

] 

. (4) 

ere, the modified Hann window ( Griffin and Lim, 1984 ) was
sed as the synthesis window function w s (n) . 

A block diagram of the AMS framework used in this work
s shown in Fig. 1 . Throughout all experiments in this paper
e have used a frame duration t w 

of 32 ms with a 4 ms frame
hift, and an FFT analysis length of 2 N (where N = t w 

F s , and
 s is the sampling frequency of clean stimuli). 

. Background 

How the noise, when added to the speech signal, corrupts
he phase spectrum can be viewed in terms of complex vector
nalysis. Let us consider an additive noise model 

(n) = x(n) + d(n) (5)
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Fig. 1. Block diagram of the modified AMS framework used to the construct 
stimuli in this work. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 2. Vector diagram representing the phase difference between the spectral 
vectors for clean speech, noisy speech and noise ( Loizou, 2007 ) for a given 
frequency bin and frame index. 
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where y ( n ), x ( n ), and d ( n ) denote the discrete-time signals
of noisy speech, clean speech and noise, respectively. Upon
framing the signal and taking the STFT, Eq. (5) can be rep-
resented in polar form as 

| Y (n, k) | e j∠ Y (n,k) = | X (n, k) | e j∠ X (n,k) (6)

+ | D(n, k) | e j∠ D(n,k) , 

where | Y ( n, k )|, | X ( n, k )| and | D ( n, k )| are the short-time mag-
nitude spectra of the noisy speech, clean speech and additive
noise signals, and � Y ( n, k ), � X ( n, k ) and � D ( n, k ) are the
short-time phase spectra of the noisy, clean and noise signals.
In this equation, n is the time index (or beginning sample of
the frame as shown in Eq. (1) ), and k is the frequency index
(or bin). In the rest of this section, we drop the indices n and
k , for clarity of the presentation. 

For the purpose of understanding the interactions between
spectral terms, Eq. (6) can be represented geometrically, as
llustrated in Fig. 2 , to provide vector representations of the
omplex frequency spectrum for the clean, noisy and noise
ignals, 

−→ 

X , 
−→ 

Y and 

−→ 

D , respectively. 
Applying trigonometry, the phase difference between the

lean and noisy spectra, denoted by θYX , becomes 

an (θYX ) = 

| D| sin (θDX ) 

| X | + | D| cos (θDX ) 
. (7)

s θDX becomes 90 deg ( i.e., θDX = 

π
2 ), θYX reaches a maxi-

um. Substituting θDX = 

π
2 in Eq. (7) gives 

YX max = tan 

−1 

( | D| 
| X | 

)
. (8)

he instantaneous spectral signal to noise ratio (I-SNR) ξ , can
e defined for the given frequency bin and frame as the power
f the clean vector divided by the power of the noise vector;
hat is ξ = 

| X | 2 
| D| 2 . Therefore, the maximum phase difference

etween the clean and noisy vectors can be expressed in terms
f I-SNR, as 

YX max = tan 

−1 

(
1 √ 

ξ

)
. (9)

n the remain der of this work, we will refer to θYX max as θmax .
Fig. 3 illustrates the relationship between θmax (given by

q. (9) ) and the I-SNR, calculated as follows: 

-SNR dB = 10 log 10 
| X | 2 
| D| 2 = 10 log 10 ξ . (10)

ere, θmax is shown to decrease as the I-SNR increases. When
he I-SNR is low, θmax becomes large, indicating that phase
hanges in the noisy signal are likely to be large. 

As mentioned in the introduction, Vary (1985) identified
he JND for this phase difference θmax through informal lis-
ening as being between π /8 and π /4. From Fig. 3 , this cor-
esponds to an I-SNR of from 8 dB to 0 dB. Experiments
resented in the remainder of this work aim to identify this
ND more accurately by using formal human listening tests. 

. Speech corpus 

In our experiments, we employ the Noizeus speech cor-
us ( Hu and Loizou (2007) ). This corpus is composed of
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Fig. 3. Maximum phase difference between the clean and noisy speech as a 
function of I-SNR ( Loizou, 2007 ). 
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2 Different randomly generated vectors were used for each frame and sen- 
tence. 

3 PESQ does not necessarily provide a reliable prediction of speech quality 
for phase-modified speech. However, it can indicate the effect of increasing 
distortion on speech quality. 
0 phonetically-balanced sentences belonging to six speak-
rs (three males and three females). Stimuli have been sam-
led at 8 kHz and filtered to simulate receiving frequency
haracteristics of telephone handsets. The corpus comes with
on-stationary noises at different SNRs. However, for our ex-
eriments we keep the clean part of the corpus and generate
oisy stimuli by degrading the clean stimuli as required for
ach experiment. 

. Experiment 1: JND in terms of phase distortion 

In the first experiment, the goal was to quantify how much
istortion can be introduced to the clean phase spectrum be-
ore the quality of the resulting (reconstructed) speech be-
omes audibly degraded. For this purpose, numbers uniformly
istributed between [ −θmax , θmax ] are added to the clean phase
pectrum in the modification stage of the AMS system. The
se of a uniform distribution for the distortion added to the
lean phase spectrum ensured we maintained consistency with
he earlier work of Vary (1985) , and the applied range ensured
hat the maximum difference between the modified and clean
hase angles is less than θmax . By varying this θmax and evalu-
ting the quality of reconstructed stimuli using objective and
ubjective tests, we find the smallest maximum phase angle
ifference required to produce a JND in speech quality. 

.1. Stimuli generation 

The stimuli used in the first experiment were generated by
odifying the clean speech utterances of the Noizeus corpus

see Section 4 ). This modification involved processing speech
tterances using the short-time AMS framework described in
ection 2 , and modifying the phase spectrum while leaving

he magnitude spectrum unchanged. The rationale for this type
f modification was twofold: it allowed us to directly observe
he quality effects attributed to changes in the phase spectrum
nly; and it tells us when the noisy phase spectrum can be
sed as an estimate of the clean phase spectrum in a speech
nhancement algorithm. 

To modify the phase spectrum, a uniformly distributed ran-
om vector φ of length 2 N , with the first N elements uni-
ormly distributed between −π and π , and the remaining N
nti-symmetric about the midpoint, was initially generated. 2 

he modified phase spectrum was then constructed as 

 Y (n, k) = ∠ X (n, k) + αφ, (11)

here � Y ( n, k ) is the modified phase spectrum, � X ( n, k ) is
he phase spectrum of the clean signal, α is a multiplier, and
π = θmax . By varying α between 0 and 1, we can investigate

he effect of θmax on the quality of reconstructed speech. In the
resent experiment, we have taken α in the range of 0.1–0.28
in steps of 0.02). Applying � Y ( n, k ) in Eq. (3) , the modified
ignal was then reconstructed as described in Section 2 . 

.2. Experiments 

Objective and subjective experiments were conducted using
he procedures described as follows. 

.2.1. Objective experiment 
Objective experiments in this work make use of the percep-

ual evaluation of speech quality (PESQ) metric ( Rix et al.,
001 ). PESQ provides a score between 0.5 and 4.5 which
ims to predict the quality of a degraded speech signal. 3 A
core of 0.5 indicates that the quality of the speech is low, and
 score of 4.5 indicates that the speech is of high quality. Ten
ifferent modifications (corresponding to α values from 0.1 to
.28 insteps of 0.02) of each sentence were constructed. The
bjective experiment then calculated the mean PESQ score
cross the 30 sentences of the corpus for each modification
eing investigated. 

.2.2. Subjective experiment 
Subjective tests, which can provide a more accurate rep-

esentation of stimuli quality, were also conducted. Ten En-
lish speaking listeners with normal hearing participated in
ach test. These tests were in the form of AB human lis-
ening experiments, in which listeners were asked to select
 preferred stimulus for each stimuli pair. One clean stim-
lus was always paired with a modified (treated) stimulus.
he playlist included each clean-modified stimulus-pair with
oth the clean stimulus played first (clean then modified), and
he clean stimulus played second (modified then clean). This
as done to compensate for any bias associated with listen-

ng order. In each test, stimulus-pairs were played back to the
articipants in randomised order. 

Listeners were presented with three labelled options after
istening to each stimulus-pair and asked to make a selection.
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Fig. 5. Mean subjective scores (with standard error bars) for modified stimuli 
described in Section 5.1 . 
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The first and second options were used to indicate preference
for the corresponding stimulus, while the third option was
used to indicate that both stimuli sounded the same. Pair-
wise scoring was used, with a score of +1 awarded to the
preferred version (either clean or modified utterance) and +0
to the other. For a pair of stimuli sounding the same, both
(clean and modified) were awarded a score of +0.5. Listeners
could replay stimuli if required. 

Since it was unreasonable to use the entire corpus, two
utterances (one from a male speaker, and one from a female
speaker), modified as described in Section 5.1 for each value
of α ( e.g ., α = 0. 1 , 0. 12, . . . , 0. 28 ), were utilised for experi-
ment 1. Thus, a total of 20 modified utterances were generated
for the first subjective experiment, and since each stimulus-
pair was also played in reverse order, each participant scored
40 stimulus-pairs in this listening test. 

5.3. Results 

Fig. 4 shows results of the objective experiment (see
Section 5.2.1 ) which calculated the mean PESQ scores
for signals constructed using each value of α ( i.e. , α =
0. 1 , 0. 12, . . . , 0. 28 ). This graph indicates that as α increases,
speech quality is reduced in an almost linear relationship.
This pattern alone does not indicate the θmax corresponding to
a JND in signal quality. However, it does indicate the relation-
ship between degradation of the phase spectrum and perceived
signal quality. 

The results of the subjective listening tests are shown in
Fig. 5 . Mean scores were calculated, over the ten participat-
ing listeners, for modified stimuli using each α value. A score
of 50% indicates that the listeners could not identify a dif-
ference between the clean and modified utterances, however,
a score of 0% indicated that the listeners always found the
modified utterance to be worse than the clean utterance in
terms of speech quality. As illustrated in this figure, when α

is small, little difference in quality is perceived. However, as
α increases, differences in quality become audible. 
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Fig. 4. Objective results in terms of mean PESQ scores for modified stimuli 
described in Section 5.1 . 
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One-way analysis of variance (ANOVA) was used to
est differences in subjective scores for ten α conditions.
here was a significant effect observed for α ( F (9 , 90) =
1 . 10, p < 0. 0005 ). Posthoc multiple comparison tests using
ukey’s significant difference criterion (at 0.05 level of sig-
ificance) were conducted to test statistical significance be-
ween the subjective scores for each α value. It was found
hat α = 0. 1 and 0.12 had a significantly higher score than the
emaining eight α values ( 0. 14 − 0. 28 ). The smallest value of

which had a statistically significant difference in subjective
core was α = 0. 14. Since θmax = απ, this means the JND
or θmax is 0.14 π . In other words, a difference in quality be-
omes noticeable for θmax ≥ 0. 14π = 0. 44. 

.4. Discussion 

The above objective and subjective test results show there
s a decrease in quality as α is increased. Small modifications
f the phase spectrum are not noticed by the human listeners;
owever, as it is degraded further (by further increase in θmax ),
he difference between the clean and noisy speech becomes
oticeable. 

Further, the subjective results showed that α = 0. 14 (corre-
ponding to θmax = 0. 44 rad ), is the largest angle of deviation
rom the clean phase spectrum that the modified phase spec-
rum can become before a difference in quality is perceived
y the listener, suggesting the JND to be at θmax = 0. 44 rad .
elating this result to the relationship given in Eq. (9) (and

hown in Fig. 3 ), a maximum phase difference of 0.44 cor-
esponds to an I-SNR of 7 dB . This indicates, that the noisy
hase spectrum can be used as an approximation of the clean
hase spectrum without introducing audible degradation if the
-SNR is > 7 dB, (or, the maximum phase angle deviation
oes not exceed 0.44 rad). 

. Experiment 2: JND in terms of I-SNR 

In the previous experiment, we found the JND in terms of
hase distortion θmax , and related it to I-SNR using Eq. (9) ,
o find the JND in terms of I-SNR in an indirect manner. We
lso used a uniform distribution for the distortion added to
he phase spectrum, for consistency with the earlier work of
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Fig. 6. Objective results in terms of mean PESQ scores for the modified 
stimuli described in Section 6.1 . 
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Fig. 7. Mean preference scores (with standard error bars) for modified stimuli 
described in Section 6.1 . 
ary (1985) . However, we have observed that in practice the
istribution of phase distortion is not uniform, but is more
ike a Gaussian distribution with a variance which increases
ith decreasing I-SNR. Therefore in this section, we perform
 more direct and meaningful evaluation of the JND in terms
f I-SNR. For this purpose, we conduct an experiment where
-SNR is set explicitly to a desired level, and the effect on
uality is evaluated. 

.1. Stimuli generation 

The clean stimuli from the Noizeus corpus (see Section 4 )
ere processed using the short-time AMS framework outlined

n Section 2 . In the modification stage, the clean magnitude
pectrum was again preserved, and the clean phase spectrum
as replaced with a degraded phase spectrum. 
To create the degraded phase spectrum, a noisy spectrum

 ( n, k ) was generated such that the I-SNR across all STFT
requency bins had the required SNR. Given that the I-SNR,
an be calculated in the frequency domain as 

-SNR (n, k) = 10 log 10 

( | X (n, k) | 2 
| D(n, k) | 2 

)
, (12)

hen the magnitude of the noise spectrum required for Y ( n, k )
o have an I-SNR of ξ is 

 D(n, k) | = 

√ 

| X (n, k) | 2 
10 

ξ
10 

. (13)

sing random phase φ uniformly distributed between, −π

nd π , the complex noise spectrum is constructed as 

(n, k) = | D(n, k) | e jφ. (14)

ssuming noise is additive, the noisy spectrum can then be
enerated as 

 (n, k) = D(n, k) + X (n, k) . (15)

The phase of this noisy spectrum Y ( n, k ) was then com-
ined with the magnitude of the clean spectrum | X ( n, k )| us-
ng Eq. (3) to construct the modified spectrum 

̂ Y (n, k) . This
odified spectrum was then used for signal reconstruction as

escribed in Section 2 . 
For the purpose of experimentation, each speech utterance

f the Noizeus corpus was processed using the above method
o generate stimuli with each of the following ten I-SNR lev-
ls: −3 , 2, 4, 5 , 6 . 5 , 7 , 8 , 10 , and 15 dB. 

.2. Results of experiments 

The aim of this experiment was to quantitatively measure
he effect of distortion in the phase spectrum at different I-
NRs on the quality of the resulting speech. The PESQ metric
escribed in Section 5.2.1 was again used for the objective
valuation of speech quality. Results of this experiment, in
erms of mean PESQ scores, are shown in Fig. 6 . Unlike
he objective test in experiment 1, the mean PESQ of the
tterances in this experiment have a nonlinear decline for I-
NR values lower than 8 dB, with a rapid drop-off seen below
round 4 dB. This reduction in quality is examined further by
he following subjective test. 

The subjective evaluation of the quality of generated stim-
li was in the form of a human listening test. The test was
onducted in a single session under the same conditions as
xperiment 1, described in Section 5.2.2 . Again, two sen-
ences (one from a male and one from a female speaker),
rocessed using the method described above for each I-SNR
nder investigation, were used for this experiment. Ten En-
lish speaking listeners with normal hearing participated in
he test. The results of the subjective experiment are displayed
ith standard error bars in Fig. 7 . 
The subjective scores also illustrate a decrease in perceived

uality as the I-SNR decreases. A distinct decrease in subjec-
ive scores can be seen between an I-SNR of 8 dB and 7 dB.
his observation was supported by subjecting the listening test

esults to statistical analysis. There was a significant effect ob-
erved for changing I-SNR ( F (9 , 90) = 55 . 79 , p < 0. 0005 ).
ukey’s significant difference criterion (at 0.05 level of sig-
ificance) was again used for the posthoc multiple comparison
est. It was found that I-SNRs of 15, 10 and 8 dB had a sig-
ificantly higher score than the remaining seven SNR values
7 to −3 dB). The transitional value of I-SNR producing a
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4 With a γ = (maxS egS NR − 45) dB threshold, about 5% of frames were 
identified as non-speech frames and not included in calculation of the 
SegSNR. By decreasing the threshold, the number of non-speech frames 
excluded will decrease, and vice versa. 
significant change in subjective score occurred at I-SNR =
7 dB, indicating that 7 dB is the I-SNR value where a JND
in quality was perceived. 

6.3. Discussion 

From the results of the objective and subjective experi-
ments, we can see that as the I-SNR decreases the quality
also decreases. In the subjective experiment, we showed that
the JND for I-SNR is 7 dB. This means that an I-SNR of 7 dB
is the highest value for which a change in quality is perceiv-
able, which suggests that the noisy phase spectrum can be
used as an approximation of the clean phase spectrum only
if the I-SNR is > 7 dB. This result is consistent with findings
from experiment 1 (shown by Fig. 3 ). 

It must be noted that we have used the clean magnitude
spectrum in this experiment for constructing the stimuli. How-
ever, in real life, where a speech enhancement algorithm is
deployed, we estimate the clean magnitude spectrum from
the noisy spectrum. Thus, the estimated spectrum is differ-
ent from the clean magnitude spectrum. That is, the esti-
mated spectrum is a distorted version of the clean magni-
tude spectrum. Therefore, we have investigated the effect of
phase distortion on speech quality as a function of I-SNR
using the estimated magnitude spectrum. This is reported in
Section 8 where we show that the JND in terms of I-SNR
reduces from 7 dB for clean magnitude spectra, to 3.5 dB
using an estimate of the clean magnitude spectra. 

7. Experiment 3: JND in terms of segmental SNR 

In the previous experiments, we have measured the JND
in terms of I-SNR. However, since I-SNR is a measure of
localised SNR, and for practical purposes, SNR will not be
fixed across all the frames and frequency bins, in this section
we evaluate the JND in signal quality due to degradation of
the phase spectrum in terms of segmental SNR, which can be
calculated across an entire utterance. 

7.1. Stimuli generation 

Similar to previous experiments, the clean stimuli from
the Noizeus corpus (see Section 4 ), were processed using the
short-time AMS framework (outlined in Section 2 ). In the
modification stage, the clean magnitude spectrum was pre-
served, while the clean phase spectrum was replaced with a
degraded phase spectrum from a noisy signal. 

In order to calculate the SegSNR of a speech utterance we
first calculate the SNR of each frame as 

SN R f rame (m) = 10 log 10 

∑ N−1 
n=0 x 

2 
m 

(n) ∑ N−1 
n=0 (x m 

(n) − y m 

(n)) 2 
, (16)

where N is the frame length, n is the discrete-time index,
m is the frame index, x m 

( n ) is the n 

th sample of the m 

th 

frame of the clean signal, and y m 

( n ) is the n 

th sample of
he m 

th frame of the degraded signal. The segmental SNR
SegSNR) of a given utterance can then be found by av-
raging SNR frame ( m ) over all frames. However, using this
pproach, the segmental SNR of an utterance can be sig-
ificantly affected by silent regions present in the speech
tterance. During non-speech frames, SNR frame ( m ) values
an be large and negative, which adversely affects the
esulting SegSNR. To address this problem, we used a
hresholded version of the segmental SNR measure. Here,
on-speech frames were identified as those with SNR frame ( m )
elow a given threshold γ = (maxS egS N R − 45) dB 

4 , where
axS egS N R = max 

L−1 
m=0 S N R f rame (m) , and L is the number of

rames in the utterance. Non-speech frames were excluded
rom the SegSNR calculation, and the segmental SNR of
 speech utterance was then calculated from the remaining
rames as 

 egS N R = 

1 

M 

M−1 ∑ 

m=0 

S N R f rame (m) , (17)

here M is the number of speech-present frames in the utter-
nce. 

To generate the noisy utterance (used to construct modified
timuli), the level of additive white Gaussian noise (AWGN)
equired to achieve the desired SegSNR was first calculated
s 

 = 

√ 

10 

avClnPow/ 10 

10 

S egS NR/ 10 
, (18)

nd avClnPow is the average power of non-silence regions of
he utterance. The noise signal d ( n ) was found as the product
f ϕ and a randomly generated vector of numbers with Gaus-
ian distribution from [ −1 , 1] This noise was then added to
he entire clean signal x ( n ) (including silence regions) in the
ime domain to produce the noisy signal y ( n ). 

The noisy frames were then processed by taking the STFT
f y ( n ), to give the noisy magnitude spectrum | Y ( n, k )| and
he noisy phase spectrum � Y ( n, k ). The noisy phase spectrum
 Y ( n, k ) is then combined with the clean magnitude spectrum

 X ( n, k )| to give the modified spectrum 

̂ Y (n, k) given by Eq.
3) . Taking the inverse STFT of ̂  Y (n, k) , followed by overlap-
dd synthesis, yielded the modified stimuli ̂ y (n) . 

This method was applied to the sentences of the
oizeus corpus, to generate stimuli with SegSNR values of
3 , 2, 4, 5 , 6 . 5 , 7 , 8 , 10, 15 dB. 

.2. Results of experiments 

Each of the stimuli of the Noizeus corpus, processed using
he above method and SegSNRs of −3 , 2, 4, 5 , 6 . 5 , 7 , 8 , 10,
5 dB, were used in the objective experiment. Mean PESQ
cores were calculated for each SegSNR, and the results are
hown in Fig. 8 . We observe that the mean PESQ score
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Fig. 9. Subjective quality results in terms of mean preference scores for 
stimuli described in Section 7.1 . 
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ecreases as the SegSNR decreases, suggesting that the qual-
ty of utterances decreases for decreasing SegSNR. 

The subjective evaluation of the quality of the stimuli cre-
ted in Section 7.1 was carried out again in the form of a
uman listening test, measuring subjective scores. For this
urpose, two stimuli from the Noizeus corpus (one from a
ale and one from a female speaker), were utilised. This re-

ulted in 20 stimuli (40 stimulus-pairs) being used in each
ubjective test. The test was conducted in a single session
nder the same conditions as described in Section 5.2.2 . Ten
nglish speaking listeners with normal hearing participated in

he experiment. 
The results of the subjective experiment are displayed with

tandard error bars in Fig. 9 . These results illustrate a decrease
n perceived quality as the SegSNR decreases. Relating the
ubjective scores to mean PESQ scores, there was found to be
 high correlation between results ( r = 0.9354). By observing
he mean subjective scores, a pattern similar to that of Experi-
ent 2 is seen, with a distinct transition in mean scores occur-

ing between a SegSNR of 8 dB and 7 dB. One-way analysis
f variance (ANOVA) was used to test differences in subjec-
ive scores for the ten SegSNR values. A significant effect
as observed for SegSNR ( F (9 , 90) = 30. 61 , p < 0. 0005 ).
gain, Tukey’s significant difference criterion (at 0.05 level
f significance) was used for the posthoc multiple compar-
son test. It was found that SegSNRs of 15, 10 and 8 dB
ad a significantly higher score than the remaining seven val-
es (7 dB to −3 dB). The transitional value of SegSNR,
here a significant change in subjective score was indicated,
ccurred at 7 dB. Thus, 7 dB can be interpreted as the
alue of SegSNR for which the JND in speech quality is
udible. 

In this experiment we have measured JND with respect
o segmental SNR. However, overall SNR is another measure
ften used to characterise the noise present in the speech sig-
al. For a given speech sentence (or utterance) it is calculated
s 

N R = 10 log 10 

∑ L 
	 =1 x 

2 (	 ) ∑ L 
	 =1 (x(	 ) − y(	 )) 2 

, (19) 

here 	 is the sample index, and L is the number of sam-
les in the speech sentence. Unlike the previously described
egSNR, overall SNR is calculated over the whole speech
tterance, and includes both silence and speech regions in its
alculation. For the 30 utterances of Noizeus database, we
ave generated their noisy versions with a specified SegSNR.
e computed the SNR of each of these noisy sentences using

q. (19) . The mean and the standard deviation of SNRs as a
unction of SegSNR are shown in Fig. 10 . As can be seen,
 SegSNR of 7 dB corresponds to an SNR of 14 dB. Thus,
he JND in terms of SNR is 14 dB. 

.3. Discussion 

In this experiment, we have used SegSNR to quantify the
ND. It was found in both the objective and subjective exper-
ments, that as the SegSNR decreased so did the quality of
he noisy speech. Subjective listening tests demonstrated that
he JND corresponds to a SegSNR of 7 dB. While these lis-
ening tests only used two utterances (from one male and one
emale speaker), which may introduce some bias to results
eported, these utterances were randomly selected and find-
ngs are believed to reflect outcomes using other utterances.
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Fig. 11. Subjective quality results in terms of mean preference scores for 
stimuli described in Section 8 . 
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As such the results reported are sufficient to be indicative of
testing on a larger corpus. Thus, from this experiment we can
conclude that the noisy phase spectrum can be used as an ap-
proximation of the clean phase spectrum only if the SegSNR
is greater than 7 dB. 

8. Experiment 4: JND for stimuli constructed using an 

estimate of the clean magnitude spectrum 

In Experiment 2 Section 6 , we investigated the effect of
phase distortion in terms of instantaneous SNR (I-SNR). In
those experiments, stimuli were reconstructed from the com-
bination of the clean magnitude spectra and the phase spectra
from noisy stimuli degraded with a known level of I-SNR.
However when we employ speech enhancement algorithms in
practice, we do not have access to the clean magnitude spec-
trum, and instead it is estimated from the noisy spectrum.
This estimate is not ideal, and contains some distortions with
respect to the clean magnitude spectrum. Therefore, in this
section, we aim to evaluate the effect of reconstructing stim-
uli using an estimate of the clean magnitude spectrum, on the
previously measured JND. 

For this purpose, we make use of a popular speech en-
hancement method – the MMSE log-spectral magnitude esti-
mator ( Ephraim and Malah, 1985 ) (log-MMSE). Stimuli used
in this experiment were generated using a procedure similar
to the one described in Section 6.1 . From Eq. (15) , where
Y ( n, k ) is the noisy spectrum (generated to have an I-SNR ξ ),
log-MMSE was used to estimate the clean magnitude spec-
trum, denoted | ̂  X (n, k) | . Stimuli pairs were then reconstructed
as follows: 

(a) The first stimuli of the pair was reconstructed from
Y CP (n, k) , which is found by combining the estimate of
the clean magnitude spectrum with the original clean
phase spectrum. That is, 

Y CP (n, k) = | ̂  X (n, k) | e j∠ X (n,k) . (20)

(b) The second stimuli was reconstructed from Y NP (n, k) ,

which is found by combining the same estimate of the
clean magnitude spectrum with the noisy phase spec-
trum. That is, 

Y NP (n, k) = | ̂  X (n, k) | e j∠ Y (n,k) . (21)

Comparison of these two treatment types, for a range of
I-SNR values, allows us to study the effect of distortion
in the phase spectrum (quantified in terms of I-SNR) on
speech quality (in terms of the JND). 

A subjective test similar to that conducted in Section 6 was
carried out. Eleven listeners participated in the subjective test,
and thirteen I-SNR values (8, 7, 6.5, 6, 5.5, 5, 4.5, 4, 3.5,
3, 2, 1, 0 dB) were evaluated. The result of the subjective
experiment is shown in Fig. 11 . 

One-way analysis of variance (ANOVA) was used to test
differences in subjective scores for varying I-SNR values. This
statistical analysis confirmed there was a significant effect for
hanging I-SNR ( F (12, 130) = 19 . 35 , p < 0.0005). Turkey’s
ignificant difference criterion (at 0.05 level of significance)
as again used for the posthoc multiple comparison test. This

ndicated a significant change in subjective score at I-SNR
round 3.5 dB, indicating that an I-SNR of 3.5 dB corre-
ponds to the JND in speech quality. 

Relating these findings to those of Experiment 2 ( Sec-
ion 6 ), we observe that the JND in terms of I-SNR reduces
rom 7 dB for clean magnitude spectra, to 3.5 dB using an
stimate of the clean magnitude spectra. In other words, the
resence of distortion in the magnitude spectrum makes lis-
eners tolerate higher amounts of phase distortion. 

. Summary and conclusion 

In this paper we have tried to quantify the level of dis-
ortion in the phase spectrum which can be tolerated before
he quality of speech begins to be effected - that is, the just
oticeable difference (JND) resulting from phase distortion.
or this we conducted a series of experiments to investigate

he effects that distortion in the phase spectrum has on the
erceived quality of speech. We have measured the JND in
erms of (1) phase difference between noisy phase and clean
hase angles, (2) instantaneous spectral SNR (I-SNR), and
3) Segmental SNR (SegSNR). These JNDs are expected to
e useful in speech enhancement applications where they can
uide us when to use the noisy phase spectrum as an estimate
f the clean phase spectrum. In terms of I-SNR and SegSNR,
 JND of 7 dB can be recommended as a guideline for speech
nhancement algorithms. 

eferences 

lsteris, L. , Paliwal, K. , 2004. Importance of window shape for phase-only
reconstruction of speech. In: Proceedings of the IEEE International Con-
ference on Acoustics, Speech, and Signal Processing, ICASSP, vol. 1.
Montreal, Quebec, Canada, pp. 573–576 . 

lsteris, L. , Paliwal, K. , 2006. Further intelligibility results from human lis-
tening tests using the short-time phase spectrum. Speech Commun. 48
(6), 727–736 . 

erouti, M. , Schwartz, R. , Makhoul, J. , 1979. Enhancement of speech cor-
rupted by acoustic noise. In: Proceedings of the IEEE International Con-
ference on Acoustics, Speech, and Signal Processing, ICASSP, vol. 4.
Washington, DC, USA, pp. 208–211 . 

http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0001
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0001
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0001
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0002
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0002
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0002
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0003
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0003
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0003
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0003


R. Chappel et al. / Speech Communication 81 (2016) 138–147 147 

B  

 

E  

 

 

E  

 

 

E  

G  

 

 

H  

H  

 

K  

 

L  

L  

M  

 

O  

 

 

P  

 

P  

 

P  

P  

P  

Q  

R  

 

 

S  

 

S  

 

S  

 

V  

W  

 

W  
oll, S. , 1979. Suppression of acoustic noise in speech using spectral subtrac-
tion. In: Proceedings of the IEEE International Conference on Acoustics,
Speech, and Signal Processing, (ICASSP), vol. 27, pp. 113–120 . 

phraim, Y. , Malah, D. , 1984. Speech enhancement using a minimum-mean
square error short-time spectral amplitude estimator. In: Proceedings of
the IEEE International Conference on Acoustics, Speech, and Signal Pro-
cessing, ICASSP, vol. 32, pp. 1109–1121 . 

phraim, Y. , Malah, D. , 1985. Speech enhancement using a minimum
mean-square error log-spectral amplitude estimator. In: Proceedings of
the IEEE International Conference on Acoustics, Speech, and Signal Pro-
cessing, ICASSP, vol. 33, pp. 443–445 . 

phraim, Y. , Van Trees, H. , 1995. A signal subspace approach for speech
enhancement. IEEE Trans. Speech Audio Process. 3, 251–266 . 

riffin, D. , Lim, J. , 1984. Signal estimation from modified short-time Fourier
transform. In: Proceedings of the IEEE International Conference on
Acoustics, Speech, and Signal Processing, ICASSP, vol. 32, pp. 236–243 .

u, Y. , Loizou, P.C. , 2007. Subjective comparison and evaluation of speech
enhancement algorithms. Speech Commun. 49 (7–8), 588–601 . 

uang, X. , Acero, A. , Hon, H. , 2001. Spoken Language Processing: A Guide
to Theory, Algorithm, and System Development. Prentice Hall, Upper
Saddle River, New Jersey . 

rawczyk, M. , Gerkmann, T. , 2014. STFT phase reconstruction in voiced
speech for an improved single-channel speech enhancement. IEEE Trans.
Signal Process. 22 (12), 1931–1940 . 

im, J. , Oppenheim, A. , 1979. Enhancement and bandwidth compression of
noisy speech. Proc. IEEE 67 (12), 1586–1604 . 

oizou, P. , 2007. Speech Enhancement: Theory and Practice. Taylor and
Francis, Boca Raton, FL . 

owlaee, P. , Kulmer, J. , 2015. Phase estimation in single channel speech
enhancement: Limits-potential. IEEE Trans. Audio Speech Lang. Process.
23 (8), 1283–1294 . 

ppenheim, A.V. , Lim, J.S. , Kopec, G. , Pohlig, S.C. , 1979. Phase in speech
and pictures. In: Proceedings of the IEEE International Conference on
Acoustics, Speech, and Signal Processing, ICASSP, vol. 4. Washington,
DC, USA, pp. 632–637 . 
aliwal, K. , Alsteris, L. , 2003. Usefulness of phase spectrum in human
speech perception. In: Proceedings of the European Conference on Speech
Communication and Technology (EUROSPEECH). Geneva, Switzerland, 
pp. 2117–2120 . 

aliwal, K. , Basu, A. , 1987. A speech enhancement method based on Kalman
filtering. In: Proceedings of the IEEE International Conference on Acous-
tics, Speech, and Signal Processing, ICASSP, vol. 12, pp. 297–300 . 

aliwal, K. , Wójcicki, K. , 2008. Effect of analysis window duration on speech
intelligibility. IEEE Signal Process. Lett. 15, 785–788 . 

aliwal, K. , Wójcicki, K. , Shannon, B. , 2011. The importance of phase in
speech enhancement. Speech Commun. 53, 465–494 . 

icone, J. , 1993. Signal modeling techniques in speech recognition. Proc.
IEEE 81 (9), 1215–1247 . 

uatieri, T. , 2002. Discrete-Time Speech Signal Processing: Principles and
Practice. Prentice Hall, Upper Saddle River, NJ . 

ix, A., Beerends, J., Hollier, M., Hekstra, A., 2001. Perceptual evaluation of
speech quality (PESQ), an objective method for end-to-end speech quality
assessment of narrowband telephone networks and speech codecs. ITU-T
Recommendation P.862. 

hannon, B. , Paliwal, K. , 2006. Role of phase estimation in speech enhance-
ment. In: Proceedings of the International Conference on Spoken Lan-
guage Processing (ICSLP). Pittsburgh, PA, USA, pp. 1423–1426 . 

hi, G. , Shanechi, M. , Aarabi, P. , 2006. On the importance of phase in
human speech recognition. IEEE Trans. Audio Speech Lang. Process. 14
(5), 1867–1874 . 

tark, A. , Wójcicki, K. , Lyons, J. , Paliwal, K. , 2008. Noise Driven Short Time
Phase Spectrum Compensation Procedure for Speech Enhancement. In:
Proceedings of INTERSPEECH 2008. Brisbane, Australia, pp. 549–552 . 

ary, P. , 1985. Noise suppression by spectral magnitude estimation – mech-
anism and theoretical limits. Signal Process. 8 (4), 387–400 . 

ang, D. , Lim, J. , 1982. The unimportance of phase in speech enhance-
ment. In: Proceedings of the IEEE International Conference on Acoustics,
Speech, and Signal Processing, ICASSP, vol. 30 (4), pp. 679–681 . 

iener, N. , 1949. The Extrapolation, Interpolation, and Smoothing of Sta-
tionary Time Series with Engineering Applications. Wiley, New York . 

http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0004
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0004
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0005
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0005
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0005
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0006
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0006
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0006
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0007
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0007
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0007
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0008
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0008
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0008
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0009
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0009
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0009
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0010
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0010
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0010
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0010
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0011
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0011
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0011
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0012
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0012
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0012
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0013
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0013
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0014
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0014
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0014
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0015
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0015
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0015
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0015
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0015
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0016
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0016
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0016
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0017
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0017
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0017
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0018
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0018
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0018
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0019
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0019
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0019
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0019
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0020
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0020
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0021
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0021
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0022
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0022
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0022
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0023
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0023
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0023
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0023
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0024
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0024
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0025
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0026
http://refhub.elsevier.com/S0167-6393(16)30083-8/sbref0026

	Phase distortion resulting in a just noticeable difference in the perceived quality of speech
	1 Introduction
	2 Analysis-modification-synthesis framework
	3 Background
	4 Speech corpus
	5 Experiment 1: JND in terms of phase distortion
	5.1 Stimuli generation
	5.2 Experiments
	5.2.1 Objective experiment
	5.2.2 Subjective experiment

	5.3 Results
	5.4 Discussion

	6 Experiment 2: JND in terms of I-SNR
	6.1 Stimuli generation
	6.2 Results of experiments
	6.3 Discussion

	7 Experiment 3: JND in terms of segmental SNR
	7.1 Stimuli generation
	7.2 Results of experiments
	7.3 Discussion

	8 Experiment 4: JND for stimuli constructed using an estimate of the clean magnitude spectrum
	9 Summary and conclusion
	 References


