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Human ability to perceive differences in sounds due to the modification of the phase spec-
trum is studied in this article. Formal listening tests were arranged using synthetic harmonic
complex signals. The tests confirm that humans can perceive differences in the phase spec-
trum. Furthermore, the perception of phase was found to be somewhat local in frequency, but
there is interaction between nearby auditory bands. In addition, the phase spectrum affects the
perceived timbre, and the effects are more perceivable the lower the fundamental frequency is.
Based on the results, an auditory model for explaining these effects was developed. It aims to
mimic the firing rate of the neurons in the cochlea. The output of the auditory model and the
listening-test results were compared showing a good match.

0 INTRODUCTION

Traditionally in audio signal processing the phase spec-
trum of an audio signal is assumed not to play a significant
role in general. The claim that the ear is “phase deaf” was
already suggested by Ohm [1], and Helmholtz came to the
same conclusion in his tests [2]. This assumption about the
auditory system is often exploited in audio signal process-
ing, such as in audio coding [3.4,5,6]. The phase spectrum
of an audio signal is often modified by the processing,
for example, due to downmixing, quantization, and, espe-
cially, decorrelation. Decorrelation techniques, which ba-
sically scramble the phase spectrum, are needed in these
methods for obtaining incoherent signal components.

Hence, these techniques assume that humans do not per-
ceive modifications in the phase spectrum. As listening
tests show, this assumption holds well for most of the sig-
nals [4,6,7]. However, recently it has been noticed that with
certain signals, such as applause-type [8,9] and anechoic
speech signals [10], humans are sensitive to changes in the
phase spectrum. In order to obtain the optimal perceptual
quality, a different kind of processing is needed with these
“phase-sensitive” signals. Thus, finding an objective mea-
sure that predicts how perceivable the phase modifications
are with any given signal would be useful. The aim of this
work is to develop such a measure.

Human perception of the phase spectrum has been stud-
ied after the work of Ohm and Helmholtz, and several stud-
ies clearly show that humans are not phase deaf [11,12,
13,14]. For example, a cosine-phase harmonic complex sig-
nal, in which all of the components start simultaneously at
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their maximum amplitude, is perceived differently than a
random-phase signal, in which the starting phase of each
component is random [14]. In addition, even small changes
in the phase spectrum within auditory frequency bands have
been observed to yield perceivable differences, whereas
changes between the bands are reported not to be perceiv-
able [15], or at least large changes in the phase are needed
in order to have a perceivable difference [14]. Furthermore,
changing the phase of even a single component of a har-
monic complex signal can be perceivable [16]. The percep-
tion of the phase spectrum has also been studied in relation
to many topics, such as concert hall acoustics [17,18,19],
pitch perception [20], vowel identification [21], masking
[22], speech processing [23], and binaural rendering [24].
This article starts by reviewing the basics of human hear-
ing and previous studies about phase perception. Based
on these, a set of formal listening tests were arranged using
synthetic harmonic complex signals in order to obtain more
detailed knowledge about the properties of phase percep-
tion. Differences in the phase spectrum are known to affect
perception, but the significance of these differences is not
completely clear. In experiments 1 and 2, the perceptual sig-
nificance of phase distortion was compared to magnitude
distortion. Furthermore, it is not known if the differences
in perception due to the phase modifications are global or
local in frequency. In order to study this, phase modifica-
tions were applied to different bandwidths in experiment
3. Experiment 4 studied how wide in frequency is the per-
ceptual effect of changing the phase at a certain frequency.
In addition, the phase spectrum has been seen to affect the
timbre. In experiment 5, it is shown that the loudness of the
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lowest harmonics can be controlled with the phase spec-
trum. Finally, in experiment 6, the frequency dependence
of the phase-related effects was studied. Based on the
listening-test results, an auditory model is presented, which
aims to mimic the firing rate of the neurons in the cochlea.
It is suggested that the output of the model can be used
to predict differences in perception due to differences in
the phase spectrum. This assumption is evaluated by com-
paring the results of the listening tests to the output of the
model.

1 BACKGROUND

The basics of the human auditory system are discussed in
this section and earlier studies related to phase perception
are reviewed.

1.1 Human Auditory System

The sensitivity of the human hearing system to the signal
phase is of interest in this study, and thus the mechanisms
involved are reviewed here. The pressure signal in the ear
canal causes vibrations on the eardrum, which are trans-
mitted through the ossicles in the middle ear to the cochlea
[25]. The cochlea converts the mechanical vibrations to
neural pulses with hair cells, which are organized tonotopi-
cally along the basilar membrane [25]. The cells sensitive
to high frequencies are located near the position where the
vibration enters the membrane, and the tuning frequency
decreases at further positions. The frequency selectivity of
the mechanism has been found to follow the equivalent
rectangular bandwidth (ERB) [26], meaning that the vibra-
tions having frequencies inside the auditory bandwidth are
not processed separately, but their joint effect is seen in the
neural response.

The membrane and the mechanisms of the cells cause
a frequency-dependent delay. When an impulsive sound
arrives to the ear, the cells tuned to high frequencies respond
earlier than the cells tuned to low frequencies due to the
transmission delay in the basilar membrane and also due
to mechanical factor of the system. Experimental studies
suggest that the frequency-dependent group delay produced
by the cochlear filtering is at least partly compensated for
at a higher processing level [27]. However, there does not
seem to be unambiguous data of the exact delays of the total
auditory system [28].

The hair cells transmit their binary responses through
the auditory nerve to the brainstem. Often the responses of
individual fibers are not found to be interesting in research,
and instead the firing rate inside each auditory band is con-
sidered to carry the auditory information. The firing rate
can be seen as a band-pass filtered signal as the starting
point [29]. In addition to that, it also carries information of
the phase of the signal in the ear canal. When single sinu-
soids are presented, the firing rate shows a pulse for each
period of the sinusoid at a temporal position corresponding
to a certain value in the phase of the sinusoid. The temporal
length of the pulse is about 0.5-1.0 ms, depending on the
neuron type and frequency [30]. The length can be assumed
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to be of that order or slightly higher at all frequencies, since
(a) with a sinusoid input at low frequencies the system re-
sponds very accurately to a distinct phase of the sinusoid,
(b) at high frequencies the phase-locking effect is lost [30],
and (c) the temporal accuracy of hearing is of the order of
1-2 ms with impulsive signals [31].

1.2 Previous Phase-Perception Studies

As mentioned in Section 0, for a long time human hearing
was thought to be phase deaf. A few studies are discussed
in this section that clearly show that this is not true. In
addition, a few interesting effects are shown that are caused
by modifying the phase spectrum.

Plomp and Steeneken studied the effect of the phase
spectrum on the timbre perception with a number of for-
mal listening tests [13]. In one of the tests, signals with
an identical magnitude spectrum but with a different phase
spectrum were compared. The signals were harmonic com-
plex tones, consisting of the first ten harmonics of the tone
with different phase relations, e.g.,

x1(t) = cos2mfot) + % cos(2m2 fot)
~|—% cos(2m3 fot) + le cos(2m4 fot) + ...
Xx5(t) = sin(2mfpt) + % cos(272 fot)

1 1
+§ sin(27m3 fot) + 1 cos(2m4 fot) + ..., (1)

where fj is the fundamental frequency and ¢ is time. The
result was that the tones with alternating sine and cosine
components exhibited a significant difference when com-
pared to signals with only sine or cosine components. In
addition, this difference in the phase spectrum was com-
pared to the difference caused by changing the slope of the
magnitude spectrum of the signals. The effect of phase on
the perceived timbre was found to be quantitatively smaller
than the effect of changing the slope of the magnitude spec-
trum by 2 dB/oct, and it is less for higher than for lower
frequencies.

Patterson performed similar tests [14]. He studied the
effect of two different kinds of phase modifications: local
and global phase changes. The local phase changes mean
changes in the phase spectrum inside the ERB bands. The
local changes were caused by using alternating-phase sig-
nals (APH), which were created by shifting the starting
phase of every other component by the same fixed amount
D. APH signals were compared to cosine-phase signals
(CPH), i.e.,

xcpu(t) = cos(2m fyt) 4+ cos(2w2 fot)
+ cos(2n3 fot) + cos(2m4 fot) + ...
xapu(t) = cos(2m fot) + cos(2n2 fot + D)
+cos(2n3 fot) + cos(2n4 fot + D) + ... (2)
This is similar to [13], but in [14] the value of D can be

changed, whereas in [13] D was effectively locked to 90
degrees. The aim of the study was to find the needed D in
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order to obtain a perceivable difference between the CPH
and the APH signals. D was found to be dependent on the
fundamental frequency, intensity, and the spectral location
of the signal. Already 15 degrees caused a perceivable dif-
ference in certain cases, whereas more than 60 degrees was
needed in some cases.

In the second set of experiments [14], global phase
changes were studied, which mean that changes in the phase
spectrum are minimized inside the ERB bands, while ap-
plying sufficiently large relative phase changes between
the different ERB bands. This was performed by using
monotonic-phase signals, where successive harmonics are
progressively shifted in time. The phase is always changed
in the same direction, but the amount of change is decreased
using a constant deceleration. In practice, the high frequen-
cies are delayed compared to low frequencies, or vice versa.
It was found that the global phase changes are not perceiv-
able if the total time delay across the frequency channels is
less than 4—5 ms. Furthermore, discrimination was found
to be largely independent of signal properties other than
bandwidth.

In addition, Patterson presented an auditory model that
predicts when a phase change produces an audible change
in timbre [14]. The model contains a simplified model of
the cochlea, consisting of an auditory filter bank and units
that record the times of the larger peaks in the filter out-
puts. Furthermore, the times of the peaks are adjusted in
time by computing the cross-correlation between different
frequency bands. The patterns of these adjusted peaks on
a time-frequency plot can be used to determine whether
two sounds have a different timbre. The model success-
fully predicted the differences noticed in the listening tests
presented in that article.

Moore and Glasberg studied the ability to detect a change
in the relative phase of a single component in a harmonic
complex tone [16]. The tone contained the first 20 harmon-
ics, and all except one started in cosine phase. The phase of
the remaining harmonic was shifted, which caused that hu-
man listeners heard a pure tone “pop out” from the complex
tone. The pitch of this tone corresponded to the frequency of
the phase-shifted harmonic. The aim was to find out what
is the minimum required amount of phase shift in order
to perceive this phase-shifted component. In some cases a
phase shift of 2—4 degrees was found to be perceivable.

2 LISTENING TESTS

Section 1.2 reviewed some existing knowledge that
showed that the human hearing is sensitive to changes in
the phase spectrum and a few effects were presented that
are caused by modifying it. These effects are studied fur-
ther, and a few new effects are presented in this section.
Formal listening tests are conducted in order to validate
their existence and importance. Experiments 1 and 2 study
the perceptual significance of phase distortion compared
to magnitude distortion. Experiment 3 studies the effect of
applying only partial phase modification. The bandwidth
of the perceptual effect of phase modification is studied in
experiments 3 and 4. The effect of phase on the percep-
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tion of bass, i.e., the loudness of the lowest frequencies, is
studied in experiment 5, and the frequency dependency of
phase-related effects is studied in experiment 6.

2.1 Phase-Sensitive Signals

Before the actual listening tests, a number of informal lis-
tening tests were conducted in order to find out what kind
of real signals are “phase sensitive,” i.e., they are perceived
differently if the phase spectrum is modified. A large num-
ber of signals were tested, including, for example, different
instruments, speech, and ambient recordings. The informal
testing was performed by scrambling the phase spectrum of
the signal and comparing the phase-scrambled version of
the signal to the original version. The scrambling was per-
formed by convolving the signal with a decorrelation filter
that was designed to make the phase spectrum random but
affecting the magnitude spectrum and the temporal enve-
lope minimally. Only a small part of the tested signals were
found to be phase sensitive. These signals included, for
example, speech, trumpet, and trombone sounds recorded
in anechoic conditions. Two common characteristics with
these signals is that they are essentially harmonic complex
signals and the phases of the harmonics have certain fixed
relations. For example, in case of voiced phonemes, the
glottal pulse excites all harmonics with fixed phase rela-
tions for each cycle of the fundamental frequency. In con-
trast, for example in case of reverberant signals, the phase
relations between the harmonics are random.

Since controlling the phase of real signals can be diffi-
cult, synthetic signals are used as test signals instead. The
properties of the test signals were selected to be similar to
the real signals that were found to be phase sensitive. Thus,
the signal should be a harmonic complex signal, the starting
phases of the harmonics should be aligned, the fundamental
frequency should be around 100 Hz, and the envelope of
the magnitude spectrum should be similar to the spectrum
of real instrument and speech sounds. This kind of signal
can be created as a sum of cosines by controlling the phase
and the gain of the single components. All the test signals
studied in this article were created using

X(0)=G- Y gi-cos@m-i-fo-(t—T1)+)/i. (3)

i=1

where G is the gain controlling the overall level of the signal,
gi is a frequency-dependent gain for controlling the magni-
tude spectrum, i is the sequential number of the harmonic,
T; is a frequency-dependent delay, and ¢; is a frequency-
dependent angle for controlling the phase spectrum. The
time-domain and the frequency-domain presentations of
two example signals created with this equation are shown
in Fig. 1. The signals were created using MATLAB [32]
with the sampling rate of 48 kHz.

The signal in the upper panel was created with the fol-
lowing parameter values: fy = 100 Hz, g; = 1, ¢; = (i —
1) - /2, and t; = 0 ms. These kind of signals are called
in-phase signals in this paper because the phase change be-
tween the harmonics is constant. The amount of the constant
phase change and the phase of the first harmonic determine
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Fig. 1. Time- and frequency-domain presentations of two signals used in the listening tests.

the phase angle to which all of the harmonics “lock™ into,
i.e., this angle takes place at the same time instant with all
harmonics once in the cycle of the fundamental frequency.
With this signal the locked angle is —7t/2, producing the
value cos (—1t/2) = 0 at the same time instant with all har-
monics (Time = 5 and 15 ms in Fig. 1), and thus, the quick
rise of the sawtooth waveform. Other waveforms can also
be created by using a different constant phase change, e.g.,
a spike train by using ¢; = 0. All these waveforms are per-
ceived in a relatively similar way [13,14], so any of them
can be selected to reflect the in-phase signals.

The in-phase signal presented in Fig. 1 can be described
to have a strong, low pitch, and a “buzzy” quality [33]. Per-
ceptually, the opposite of the in-phase signals are random-
phase signals, which have otherwise exactly the same pa-
rameters, but the phase is determined by ¢; ~ U(0, 27),
where U stands for taking a random value from the uni-
form distribution (see the lower panel). The random-phase
signals are perceived very differently than the in-phase sig-
nals even though the magnitude spectra are identical. They
sound colored compared to the in-phase signals, they are
perceived to be thinner, and the buzzy quality is absent. In
addition, the distance of the auditory event is perceived to
be larger.

These two signals can be considered as reference signals
in this article that demonstrate significant differences due
to phase changes. In addition, these signals can be thought
to represent certain real-world signals. The in-phase sig-
nals can be considered to represent voiced vowels in ane-
choic conditions, whereas the random-phase signals repre-
sent harmonic signals without the phase-alignment property
as well as all other harmonic signals in a reverberant room
or after decorrelation.

2.2 Listening Test Procedure

Fourteen subjects, excluding the authors, all with earlier
experience in listening tests, participated in the tests. The
listening tests consisted of six experiments. Each experi-
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Grade perceived difference
Reference
Sample 1 Sample 2 Sample 3 Sample 4 Sample 5
Different

tze)  [&7]  [t6]  [s0] = [19]

Fig. 2. Graphical user interface used in experiment 1.

ment consisted of a certain number of fest cases. Each test
case consisted of a certain number of signals to be eval-
uated at the same time. These test cases were repeated a
certain number of times producing the total number of zest
sets in each experiment, which were evaluated one after an-
other. The signals for the different repetitions of the same
test case were created using identical parameter values. For
the signals containing randomized values, the randomiza-
tions of the different repetitions were identical or different,
depending on the experiment.

The subjects used a graphical user interface to select the
sample (i.e., the signal) to be played and to write in the
score. See Fig. 2 for an example of the interface, which
was slightly different in all experiments. The scale in the
score was from 1 to 5 in steps of 0.1 The subjects listened
to one sample at a time and graded different samples in a
multiple-stimulus test. They were able to change between
different samples freely, and the length of each sample was
2.5 seconds. All samples were time-invariant. The order
of the samples was randomized for each test set, and the
subjects did not know which sample they were listening to.
In addition, the order of the test sets was randomized.
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Group delay (ms)

10° 10° 10°
Frequency (Hz)

Fig. 3. Group delay of the headphones used in the listening tests,
Sennheiser HD650.

Each experiment was conducted in two parts. The first
part was a training session where the subjects did a short
version of the actual listening test. The subjects were able
to listen to different samples and to get familiarized with
the user interface. This way the subjects became thoroughly
familiar with the differences under study. Familiarization is
recommended in [34], since it can transform some subjects
with an initially low ability into experts for the purposes of
the test. The subjects were given as much time for the train-
ing as they wanted. The durations of the training sessions
were about 5 minutes on average. After the training session,
all subjects reported that they perceived at least some dif-
ferences between the samples and were ready for the actual
test. The subjects had a short break between different parts
of the test. The actual experiment lasted about 10 minutes,
depending on the subject and the experiment. The length
of a single experiment was selected to be relatively short
in order to avoid listening fatigue, as the signals used were
noticed to cause it easily.

The listening test was performed in a quiet listening room
using Sennheiser HD650 headphones. The group delay of
the headphones, shown in Fig. 3, was measured using a
linear-phase microphone, B&K 4192. The delay is seen to
increase at low frequencies. This kind of behavior is com-
mon with headphones as well as loudspeakers. Correcting
the phase response of the headphones is possible in theory,
but in practice obtaining a pure impulse out of the head-
phones is difficult. Furthermore, coupling between the ear
and the headphones affects the needed correction. Thus,
correcting the phase response was omitted. Using different
headphones with different phase responses was tested in-
formally before the test. It was noticed that the selection of
the headphones affects the perception of the signals studied
in Section 2.4.5, but for other experiments no differences
were perceived.

2.3 Statistical Analysis

Repeated-measures analysis of variance (RM-ANOVA)
was used for the statistical analysis of the results. The
univariate approach was taken and the correction for the
violation of sphericity was applied when required, based
on Mauchly’s test. The correction method applied was
Greenhouse-Geisser when ¢ < 0.75 and Huynh-Feldt when
e > 0.75. In the following sections, all the significant main
effects and interactions are presented and further discussion
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is performed based on the results. In experiments 2, 4, and
5, the repetitions of a same combination were pre-averaged
before the RM-ANOVA was applied. In experiments 1, 3,
and 6, the repetitions were not pre-averaged because the
randomizations in the different repetitions were different
(called variation in the following).

2.4 Experiments

The different experiments are discussed separately in
detail in the following sections, and the results of the listen-
ing tests are presented. The audio samples used in the ex-
periments can be downloaded from http://www.acoustics.
hut.fi/go/jaes-phase.

2.4.1 Experiment 1: Comparison of Phase
Distortion Effects to Magnitude Distortion Effects

The in-phase and the random-phase signals, presented in
Section 2.1, were found to be perceived differently in the
informal listening test. The significance of this difference
compared to magnitude spectrum randomization is studied
in this section with formal listening tests. A similar test was
performed in [13] (see Section 1.2), but in this experiment,
the magnitude spectrum manipulation was different. The
aim was to use such a manipulation that caused a similar
perception of coloration as the phase scrambling.

There were five different signals in the sole test case
of experiment 1, as presented in Table 1. Signals 1 and 2
correspond to the in-phase and the random-phase signals
in Fig. 1, respectively. Signals 3-5 have an identical phase
spectrum as signal 1. The magnitude spectra of these signals
were modified by multiplying the harmonics with individ-
ual gains obtained from the normal distribution with the
standard deviation of 1, 2, or 4 dB, respectively. Parameter
G was selected to be such that the sound pressure level of
signal 1 was 65 dB with linear weighting, and G was iden-
tical for signal 2. For signals 3-5, G was selected in a way
that the A-weighted levels were equal to signal 1.

The task of the subjects was to grade the perceived
difference compared to the reference signal, which was
identical to signal 1. The subjects were asked to use the
entire scale, with the sample having the largest difference
graded as 5 and at least one of the samples with 1, i.e.,
being identical. Hence, the results are relative. The test
case was repeated three times with different variations in
the randomization for both the magnitude and the phase
spectrum.

Two-way RM-ANOVA was applied to the results of ex-
periment 1. The within-subjects factors were variation and
signal. RM-ANOVA revealed the following significant fac-
tors: main effects variation, F(2, 26) = 12.351, p < 0.05,
and signal, F(2.165, 28.139) = 220.429, p < 0.05; and in-
teraction variation*signal, F(3.583, 46.582) = 7.428, p <
0.05.

The significant interaction is further inspected. Fig. 4
shows the mean opinion score (MOS) plots with 95% con-
fidence intervals for the interaction. The perceived differ-
ence due to phase-spectrum randomization is seen to be
larger than the differences due to the magnitude-spectrum
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Table 1. Values of the parameters in Eq. 3 for the signals in experiment 1.

Signal Jo (Hz) 8i o T;(ms)
1 - In phase 100 1 i—1)-n/2 0
2 - Random phase 100 1 ~ U0, 27) 0
3 - 1dB std 100 1029 [ ~ N(0, 1%) (i—1)-7n/2 0
4 -2dB std 100 104720 1 ~ N(0, 2%) (i—1)-7/2 0
5 - 4dB std 100 104720 [, ~ N0, 4%) (i—1)-n/2 0

modifications used in the experiment. The general tendency
of the results is in line with the result in [13], even though
they cannot be directly compared due to different manipu-
lation of both the magnitude and the phase spectrum.

2.4.2 Experiment 2: Effect of a Shift in Phase of a
Single Component

In earlier studies (e.g., [16], see Section 1.2), it has been
found that changing the phase of a single harmonic can
cause a perception of a sinusoid popping out of the tone
if all other harmonics are in phase. As an addition to the
previous studies, the perceived relative level of this sinusoid
is studied in this experiment.

There were five different signals in test case 1 (see
Table 2). In the case of signal 1, all the harmonics are
in phase. In the case of signal 2, all the harmonics are in
phase except the harmonic at 3 kHz, which is shifted by
180 degrees in order to obtain the largest possible effect.
In signals 3-5 all the harmonics are in phase similarly as
in signal 1, but the magnitude of the harmonic at 3 kHz is
amplified by 3, 6, and 9 dB, respectively. The amplification
of the harmonic component was noticed to cause a similar
effect as the phase shift of the harmonic in the informal lis-
tening. The same conclusion was made in [16]. The aim of
this experiment was to find out how large an amplification
is needed in order to obtain an equal effect. Parameter G
was selected to be such that the sound pressure level of sig-
nal 1 was 65 dB with linear weighting, and G was identical
for all test signals.

The task of the subjects was to grade the perceived level
of the sinusoid that pops out of the harmonic complex sig-

nal. The subjects were asked to use the entire scale such that
the sample with the perception of the loudest added compo-
nent is graded as 5, and the samples where the component
was not perceived as 1. Hence, the results are relative. In
the second test case the signals were otherwise equal to test
case 1, but the values for ¢; were selected randomly. These
phase values were identical for all signals. The same phase
shift of 180 degrees was applied to signal 2. Both test cases
were repeated twice, yielding four test sets altogether.

Two-way RM-ANOVA was applied to the results of ex-
periment 2. The within-subjects factors were test case and
signal. RM-ANOVA revealed the following significant fac-
tors: main effects ftest case, F(1, 13) = 76.820, p < 0.05,
and signal, F(1.784, 23.194) = 477.213, p < 0.05; and
interaction test case*signal, F(2.351, 30.564) = 159.382,
p < 0.05.

The significant interaction is further inspected. Fig. 5
shows the mean plots with 95% confidence intervals for
the interaction. It can be seen that, in case of the in-phase
signal, changing the phase of a single harmonic causes a
perception of an added sinusoid, which has the loudness
in between the cases of the sinusoid amplified with 6 and
9 dB. In case of the random-phase signal, changing the
phase does not cause a perception of an added sinusoid,
which agrees with the results in [16].

2.4.3 Experiment 3: Effects of Different Amounts
of Phase Modification

In Section 2.4.1 it was noticed that phase randomization
can cause a significant effect. This section studies how
the perception is affected if the randomization is limited

Grade perceived difference
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Fig. 4. Results of experiment 1: The effect of phase randomization

and various magnitude-spectrum randomizations, when compared

to the reference (identical to In phase). Means and 95% confidence intervals are shown.
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Table 2. Values of the parameters in Eq. 3 for the signals in experiment 2.

PAPERS

Case Signal fo (Hz) gi ob; T;(ms)
1 1 - Normal 100 1 (i—1)-n/2 0
R (i—1D-n/2+mx, i=30
2 - 180° shift 100 1 { G—1) m/2, i £30 0
10%20 1, =3, i =30 .
3 - 3dB boost 100 {17 i £30 (i—1)-7n/2 0
4 - 6dB boost 100 . L=6 i—1)-7m/2 0
5 - 9dB boost 100 ”,L=9 (i—1)-7n/2 0
2 1 - Normal 100 1 ~ U0, 2m) 0
- ~UO,2m)+ 7w, i =30
2 - 180° shift 100 1 {N U(0, 270), i 30 0
3 - 3dB boost 100 100429, L =3, i = 30 ~ U0, 27) 0
1, i # 30 T
4 - 6dB boost 100 ”,L=6 ~ U0, 21) 0
5 - 9dB boost 100 ”,L=9 ~ U(0, 27) 0

either within a certain interval of angles or within a certain
frequency interval.

In the first test case of the experiment, the phase random-
ization was restricted within certain angles, as described in
Table 3. Similar effects can be caused by the room reverber-
ation with different direct-to-reverberant ratios. In the case
of signal 1, all the harmonics are in phase, whereas in the
case of signal 5, the phases are completely randomized. For
signals 2—4 the randomization is restricted to within £20°,
+45°, and £90°, respectively. In the second test case of the
experiment, the bandwidth of the phase randomization was
changed. For example, audio codecs can cause the phase
spectrum to be modified only at certain frequencies. The
bandwidth of the randomization varied from a single har-
monic to two thirds of an octave and two octaves. Inside the
selected band, the phases of the harmonics were random,
whereas outside it they were aligned.

The task of the subjects was to grade the perceived differ-
ence compared to two anchor signals, which were identical
to signals 1 and 5. The subjects were advised to grade a
signal with the score of 1 if identical to anchor 2 and with
5 if identical to anchor 1. If the signal was equally different
from both anchors, the score of 3 was to be given, otherwise
the score was to be closer to the anchor that it reminded of

more. The experiment was repeated with three different
randomizations for both test cases, resulting in six test sets
altogether. Parameter G was selected as in experiment 2.

Two-way RM-ANOVA was applied separately to the re-
sults of both test cases of experiment 3. The within-subjects
factors were variation and signal. In test case 1, RM-
ANOVA revealed the following significant factors: main
effect signal, F(1.991, 25.889) = 648.129, p < 0.05; and
interaction variation*signal, F(8, 104) = 2.803, p < 0.05.
In test case 2, RM-ANOVA revealed the following signif-
icant factor: main effect signal, F(4, 52) = 411.381, p <
0.05.

The interactions are further inspected (although it is not
statistically significant in test case 2). Fig. 6 shows the
mean plots with 95% confidence intervals for the interac-
tions. It can be seen that already partial randomization of the
phase spectrum causes a difference in the perception. The
more randomization is performed, the larger is the differ-
ence compared to the in-phase signal. The same tendency
is seen for the band-limited randomization. Randomiza-
tion in a narrow band causes a perceivable difference, and
the difference is increased when the bandwidth of the ran-
domization is increased. In informal listening, the phase
scrambling of a certain band was observed to affect the

Grade the perceived level of the added component

Mean opinion score
w
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Fig. 5. Results of experiment 2: The perceived level of an added sinusoid, caused by phase shifting and various levels of amplification.

Means and 95% confidence intervals are shown.
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Table 3. Values of the parameters in Eq. 3 for the signals in experiment 3.

Case Signal Jo (Hz) gi b; T;(ms)
1 1-0° 100 1 G(i—1)- 72 0
2-20° 100 1 (= 1) 1/24 ~U(=/9, 1/9) 0
3-45° 100 I (= 1) 1/24 ~ U(—m/4, 1/4) 0
4-90° 100 1 G — 1) 1/24 ~U(—/2, 7/2) 0
5-180° 100 I ~ U(0, 27) 0
2 1-0 100 1 Gi—1)- 72 0
. (—1)-7/247 i =30
2- Single 100 ! {(i—1)~n/2, i <30Vvi>30 0
~UO,27), 26 <i <35
3 - 2/30ct 100 1 (i—1)-7/2,i <26Vi> 35 0
~UO,27), 15<i <60
4-20ct 100 ! (—1)-1/2, i <15Vi> 60 0
5 - Broad 100 ~ U0, 27)

perception only inside and near the band. Below and above
the frequency region the sound was perceived to be as buzzy
as the reference signal. Hence, it is assumed that the per-
ception of phase is somewhat local in frequency, which is
studied in more detail in the following section.

2.4.4 Experiment 4: Effect of Applying Delay for
High Frequencies of an In-Phase Signal

The main result of Section 2.4.2 is that a discontinuity
in the phase spectrum can cause a perception of an added
tone. In the next experiment, a discontinuity is created by
adding a constant delay to the harmonics above a certain
frequency. Below and above this frequency the harmonics
are in phase. In informal listening, this kind of delay was
seen to cause a perception similar to that of modifying
the phase of a single harmonic, but now a narrow-band
noise tone is perceived to pop out instead of a sinusoidal
component. This suggests that the phase of a harmonic
affects the perception of the other harmonics, i.e., there is
interaction between the harmonics in our hearing system.
The bandwidth of this interaction is studied in this section.

Itis possible to mute the harmonics around the frequency,
where the delay is applied. If the delay causes a difference
in the perception even when the frequencies around the

cross-over frequency are muted, that would suggest that the
harmonics interfere with each other with a wider bandwidth
than the bandwidth of the muted harmonics. If the delaying
of the high frequencies does not cause any difference in the
perception after the muting, the bandwidth of the interaction
between the harmonics can be assumed to be smaller than
the bandwidth of the muted harmonics.

There were three different signals in each test case (see
Table 4). The harmonics in signal 1 were in phase, as were
those in signal 2, except that above 3 kHz the harmonics
were delayed by 5 ms. In signal 3 the phase of the harmonics
was random. The delay was selected to be half of the period
of the fundamental frequency, causing the largest effect
according to the informal tests. There were three test cases:
in test case 1, no harmonics were muted; in test case 2, the
harmonics + 1/3 octave around 3 kHz were muted (in all
signals); and in test case 3, the harmonics £ 1 octave were
muted (in all signals).

In each test case, the task of the subjects was to grade
the perceived difference compared to the reference signal,
which was identical to signal 1. The subjects were asked
to use the entire scale such that the sample with the largest
difference should be graded as 5 and at least one of the
samples as 1, i.e., being identical. Hence, the results are

Grade perceived difference
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Fig. 6. Results of experiment 3: The effect of different amounts of randomization, when compared to two anchors (identical to 0° and
180° in case 1 and 0 and Broad in case 2). Means and 95% confidence intervals are shown.
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Table 4. Values of the parameters in Eq. 3 for the signals in experiment 4. Different test cases are separated by
horizontal lines. The signals in cases 2 and 3 are identical to the signals in case 1, except that the harmonics are
muted near the cross-over frequency in all signals (i.e., signals 1, 2, and 3).

Mute Signal fo (Hz) g b; T;(ms)
off 1 - In phase 100 1 i—1-7m/2 0
. . . 0,7 <30
2 - Time shift @ 3kHz 100 1 (i—1)-7w/2 {5’ i =30
3 - Random phase 100 1 ~ U0, 2m) 0
» » 0,26 <i <35 » »
2.6-3.5kHz 1 i<26Vi>35
» » 0,15<i=<60 » »
1.5-6kHz 1i<15Vi> 60

relative. The experiment was repeated twice for all test
cases, resulting in six test sets altogether. Parameter G was
selected as in experiment 2.

Two-way RM-ANOVA was applied to the results of ex-
periment 4. The within-subjects factors were fest case and
signal. RM-ANOVA revealed the following significant fac-
tors: main effects fest case, F(2, 26) = 85.902, p < 0.05,
and signal, F(1.003, 13.038) = 2452.813, p < 0.05; and
interaction test case*signal, F(4, 52) = 90.154, p < 0.05.

The significant interaction is further inspected. Fig. 7
shows the mean plots with 95% confidence intervals for
the interaction. It is seen that the time shift causes a clear
difference compared to the in-phase signal if the signals are
broadband. Muting the harmonics at one third octave below
and above the cross-over frequency makes the perceived
difference smaller, and no difference is perceived if the
harmonics are muted one octave below and above the cross-
over frequency. This would suggest that the bandwidth of
the interaction between the harmonics is about one octave
in each direction.

2.4.5 Experiment 5: Effect of Phase on the
Perception of Bass

Previous studies indicate that the phase spectrum affects
the perceived timbre (e.g., [13,14, 33]), but how the percep-
tion is affected is not thoroughly described. One interesting

effect was found in the informal listening. Some signals
with an identical magnitude spectrum but different phase
spectrum were perceived to contain a different amount of
bass, i.e., the perceived loudness of the lowest harmonics
depended on the phase spectrum. This is studied further
with a formal test.

There were five different signals in each test case (see
Table 5). It was found in informal listening that signal
2 is perceived to contain more bass than signal 1, even
though they have identical magnitude spectra, but signal 2
is the negative of signal 1, i.e., s = —s;. These signals
were compared to signals that have phase spectra identical
to signal 1, but the magnitude spectrum is amplified at
low frequencies. The amplification was performed with a
function that resembles a shelving filter. The shape of the
function was tuned based on informal listening in order
to obtain a similar timbre to signal 2. The amplification is
largest at the fundamental frequency and decreases at higher
frequencies, as specified in Table 5. The amplification of
the fundamental frequency is 1, 2, and 4 dB for signals 3, 4,
and 5, respectively. Parameter G was selected to be such that
the sound pressure level of signal 1 with the fundamental
frequency of 100 Hz was 65 dB with linear weighting.
At other fundamental frequencies G was selected to be
such that the perceived loudness was equal to the 100-Hz
case, as determined in the informal listening. Usually A-
weighting is used to produce equal loudness, but with these

Grade perceived difference
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Fig. 7. Results of experiment 4: The effect of a delay at high frequencies, when compared to the reference (identical to In phase). The
harmonics near the cross-over frequency were muted in cases 2 and 3 (in all signals). Means and 95% confidence intervals are shown.
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Table 5. Values of the parameters in Eq. 3 for the signals in experiment 5. Other parameter values than f; are
identical in all test cases.

Case Signal fo (Hz) gi i T;(ms)
1 1 - Inverse 50 1 (i—1)-(—7m/2) 0

2 - Normal 50 1 i—1)-n/2 0

3 - 1dB boost 50 R (i—1)-(—7) 0

4 - 2dB boost 50 ", L=2 i—1)-(—m/2) 0

5 - 4dB boost 50 ", L=4 i—1)-(—m/2) 0

2 ? 100 ” ” ?
3 » 200 » » »
4 » 400 » » »

signals neither the linear nor the A-weighting produced
perceptually equal loudness. G was identical for all test
signals within each test case.

The task of the subjects was to grade the perceived level
of the bass. The subjects were asked to use the entire scale
with the sample with most bass to be graded as 5 and that
with least bass as 1. Hence, the results are relative. The
experiment was carried out for four fundamental frequen-
cies, 50, 100, 200, and 400 Hz, and was repeated twice for
each frequency. Thus, there were eight test sets in all.

In informal listening it was found that while differences
in the bass were relatively easy to perceive when listening
in a normal room with some background noise like air ven-
tilation, it was difficult to hear any differences between the
test signals when listening in a quiet listening room. This
counterintuitive effect of the background noise is interest-
ing by itself but goes beyond the scope of this paper and is
left for future studies. Thus, white background noise with
the sound pressure level of 45 dB with linear weighting
was added. The noise was a continuous 1-minute sample
that was looped. With the background noise present, dif-
ferentiating between the samples was significantly easier,
according to informal listening.

Two-way RM-ANOVA was applied to the results of ex-
periment 5. The within-subjects factors were fundamen-

tal frequency and signal. RM-ANOVA revealed the fol-
lowing significant factors: main effect signal, F(1.786,
23.218) = 93.168, p < 0.05; and interaction funda-
mental frequency*signal, F(3.424, 44.517) = 11.389,
p < 0.05.

The significant interaction is further inspected. Fig. 8
shows the mean plots with 95% confidence intervals for the
interaction. It can be noticed that signals 1, 3, 4, and 5 are
graded similarly in all cases and that the amplification of
the low frequencies gradually increases the perceived level
of bass. In the case of signal 2, the perceived level of bass
depends on the frequency. At low fundamental frequencies
the perceived level is relatively high, whereas at higher fun-
damental frequencies it is low. In addition, inspecting the
results of individual subjects, it was noticed that different
subjects perceived the level of bass very differently but con-
sistently in the case of signal 2. Studying this phenomenon
more thoroughly is left for future studies.

It should be noted that the results of this experiment
depend on the headphones used. The group delay of the
headphones and the polarity of the signal can differ be-
tween different transducers. As a result, different phase
characteristics are required with certain headphones in or-
der to obtain the perception of maximal bass and vice versa.
Nevertheless, the result that our perception of the level

Grade the perceived level of bass
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Fig. 8. Results of experiment 5: The effect of the phase-spectrum and various magnitude-spectrum manipulations on the perceived level

of bass. Means and 95% confidence intervals are shown.
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Table 6. Values of the parameters in Eq. 3 for the signals in experiment 6.

Signal fo (Hz) gi i T;(ms)
1 - In phase 50, 100, 200, 400, 800, 1600 1 (i—=1)-7w/2 0
2 - Random phase 50, 100, 200, 400, 800, 1600 1 ~ U0, 2m) 0

of the bass is dependent on the phase spectrum remains
valid.

2.4.6 Experiment 6: Effect of Fundamental
Frequency to Perception of Phase Modification

Earlier studies have found that many effects due to phase-
spectrum modifications become smaller when the funda-
mental frequency is increased (e.g., [13,14,16,23], see Sec-
tion 1.2). This frequency dependency is studied next. The
aim is to find out how the effect of the phase spectrum
behaves in relation to the fundamental frequency and to
find out how high the fundamental frequency has to be so
that differences in the phase spectrum cannot be perceived
anymore.

In signal 1, all the harmonics were in phase, whereas in
signal 2 the phases were randomized. Corresponding signal
pairs were created for six fundamental frequencies ranging
from 50 Hz to 1.6 kHz (see Table 6). Parameter G was
selected as in experiment 5.

The task of the subjects was to grade the perceived differ-
ence compared to the reference signal, which was identical
to signal 1. All six signal pairs were graded at the same
time. However, each signal pair had their own reference in
which to compare the test signals. The grading was per-
formed in two phases. First, the task of the subjects was to
find the hidden reference in each pair and to grade it with
1, i.e., identical. Second, the subjects were asked to com-
pare the differences between the other signal in the pair and
the reference to the differences in the other pairs. The pair
with the largest difference was asked to be graded with 5.
The experiment was repeated three times. Thus, there were
three test sets, and each test set contained six signal pairs
to be evaluated simultaneously.

Three-way RM-ANOVA was applied to the results of ex-
periment 6. The within-subjects factors were fundamental
frequency, variation, and signal. RM-ANOVA revealed the
following significant factors: main effects fundamental fre-
quency, F(2.258,29.359) = 105.874, p < 0.05, and signal,
F(1,13) = 540.661, p < 0.05; and interaction fundamental
frequency*signal, F(2.270,29.509) = 321.192, p < 0.05.

The significant interaction is further inspected. Fig. 9
shows the mean plots with 95% confidence intervals for the
interaction. The experiment has two outcomes. First, the
largest difference between the in-phase and the random-
phase signals is to be found at the lowest fundamen-
tal frequency, and the amount of difference decreases
as the fundamental frequency is increased, which is in
agreement with earlier studies [13,14,16,23]. Second, the
fundamental frequency, above which differences due to
phase spectrum modification cannot be perceived, is be-
tween 800 and 1600 Hz.

3 AUDITORY MODEL FOR ANALYZING PHASE
PERCEPTION

A few effects in perception that can be caused by mod-
ifying the phase spectrum were presented in the previous
section. In this section an auditory model is developed to
describe these effects. Using the auditory model, a mea-
sure is suggested to detect whether a human can perceive
a certain difference in the phase spectrum. Finally, the out-
put of the auditory model and the suggested measure are
compared to the results of the listening tests.

3.1 Auditory Model

An auditory model was developed in order to explain
the differences in the perception due to phase-spectrum
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Fig. 9. Results of experiment 6: The effect of the fundamental frequency on the perception of phase randomization when compared to
the reference (identical to In phase). Means and 95% confidence intervals are shown.
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Fig. 10. Block diagram of the auditory model.

modifications. The aim of the model is to mimic the firing
rate of the neurons in the cochlea. However, the aim of the
model is not to be physically accurate. Instead, it should
be thought of more as a tool for visualizing phase-related
effects. The suggested model is based on knowledge about
human hearing, especially the auditory model presented in
[29], and it has been fine-tuned according to the results of
the listening tests presented in Section 2.

The block diagram of the auditory model is shown in
Fig. 10. The input to the model is a time-domain audio sig-
nal x(m), where m is time in samples. x(m) is a discrete-time
version of x(¢) in Eq. 3. First, x(m) is all-pass filtered in order
to introduce a frequency-dependent delay that corresponds
to the delay caused by the headphones and the human hear-
ing. This delay adjustment is required for explaining the
results of experiment 5 (see Section 3.3). However, as dis-
cussed in Sections 2.2 and 1.1, neither of the delays can be
accurately measured. Thus, the delay adjustment is based
on informal listening tests. The in-phase signal presented
in Fig. 1 was found to be the most buzzy, the loudest, and
to contain the most bass. It is assumed in this article that
those effects are caused by the firing of the neurons be-
ing in sync at all frequencies with this signal. Thus, the
all-pass filtering stage was designed in a way that also the
output signals of the model are in sync with this signal.
The filtering was realized by applying a 90-degree phase
shift using the Hilbert transform. The 90-degree phase ad-
justment was applied to all signals in order to approximate
the frequency-dependent delay of the headphones and the
human hearing. A more accurate delay adjustment remains
as a future research topic. Furthermore, it should be noted
that the suggested delay adjustment was determined using
Sennheiser HD650 (see Fig. 3). With other headphones, de-
pending on the group delay, a different kind of adjustment
might be needed.

The delay-adjusted signal x,(m) is divided in frequency
using a filter bank mimicking the auditory frequency bands
created according to the ERB bands (see Section 1.1). The
delay of the filter bank is independent of frequency. The
output of the filter bank is a time-domain signal for each
frequency band, b(k, m), where k is the frequency-band
index.

These band-pass filtered signals are half-wave rectified,
low-pass filtered, and half-wave rectified again in order to
obtain the envelope of the band-pass signal without neg-
ative signal values. The properties of the low-pass filter
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were selected based on the listening test results presented
in Section 2.4.6. The listeners were not able to distinguish
changes in the phase spectrum above a fundamental fre-
quency of 800 Hz. Thus, the temporal fine structure of the
envelope signal should not contain variations faster than
this. The low-pass filter was implemented using an FIR
filter with the length of 100 samples and the cut-off fre-
quency of 800 Hz. Below 800 Hz, the envelope signal is
not modified, but above 800 Hz it is slowly attenuated, and
at 1.6 kHz it is practically zero.

The envelope signals e(k, m) are cut into 20-ms frames
with a rectangular window and processed further separately
within these frames. The signals in this article are time-
invariant, so considering only a single frame is sufficient.
For time-variant signals, a hop size of, e.g., 10 ms can be
used. These windowed signals are defined as w(k, n, j),
where 7 is time in samples within the temporal frame and j
is the temporal frame index.

The envelope signals can be seen as a starting point for
modeling the firing rate of the neurons [29] (see Section
1.1). However, as discussed in Section 1.1, the firing rate
shows at each period of a sinusoid a pulse at a temporal
position corresponding a certain value in the phase of the
sinusoid, and the temporal length of the pulse is somewhat
independent of frequency. In the case of half-wave rectified
band-pass signals, the length of the pulse is longer at low
frequencies. Thus, in order to have equally wide peaks at
all frequencies, the envelope signals are processed with the
following function

Wk, n, j) = wlk,n, ), pr=14+3-081 (@

and the amplitude of the highest peak within the frequency
band is preserved by

max,(wk, n, j))

wa(k, n, j) = Wk, n, j) &)

max,,(a(k, n, )

This signal is normalized so that the largest sample value
corresponds to 1 in order to allow easier comparison of
signals having different levels

wa(k, n, j)
maxy ,(wa(k, n, j))

wi(k,n, j) = (6)
In addition, since the human perception of loudness can be
better described using the logarithmic scale instead of the
linear [31], the level differences between the frequency
bands are presented using the logarithmic scale with a
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dynamic range of 60 dB

walk. n, j) =
max(20 - log;g(max, (ws(k, n, j))) + 60, 0) - ws(k, n, )
60 - max,, (w3 (k, 7, ) '

(N

However, it should be noted that the output of the auditory
model is presented using a linear scale within the frequency
band.

In the final stage, the frequency-band signals are summed
with the nearby frequency bands. The summing is per-
formed using a Hann window, which means that the adja-
cent frequency bands have a large weight whereas further
bands have only a small weight. The total width of the Hann
window is 8 ERB bands, which roughly corresponds to 2
octaves. The summing of the neighboring frequency bands
is based on the results of the listening test. In Section 2.4.4,
it was noticed that the discontinuity at a certain frequency
affects also the perception of the neighboring frequency
bands, not only the frequency band where this disconti-
nuity occurs. According to the test, all the harmonics one
octave below and above the discontinuity have to be muted
in order to avoid a difference in the perception. Thus, this
article suggests that this interference between the neigh-
boring frequency bands can be estimated by summing the
output of the nearby frequency bands together, weighted in
frequency with the Hann window.

Furthermore, the summing of the neighboring frequency
bands is needed in order to explain the results of Section
2.4.5. At low frequencies, the ERB bands are so narrow
that the adjacent harmonics are not present inside the same
frequency bands. However, experiment 5 found that the per-
ceived level of bass depends on the relative phase between
the adjacent harmonics at low frequencies. By summing
the neighboring frequency bands, the adjacent harmonics
interfere with each other, also at low frequencies.

Signals with different phase properties are processed
with this model, and the output of the model is inspected
and compared to the perception of the sound. The output of
the model, y(k, n, j), can be used to create a time-frequency
plot, which shows the neural firing rate (NFR) for each
time-frequency tile, i.e., for each frequency band k at dis-
crete time instants n (see Fig. 11 for a few example cases).
In Figs. 11(a) and (b), the NFR patterns can be seen for the
in-phase and the random-phase signals presented in Fig. 1,
respectively. It can be seen that for the in-phase signal the
NFR signal contains sharp peaks with the spacing of the cy-
cle time of the fundamental frequency at all frequencies, and
in between the peaks the NFR equals to zero. In addition,
the peaks occur at the same time instant at all frequencies.
In the case of the random-phase signal, there are no strong
peaks, and the energy is almost equally spread in time. In ad-
dition, the weak peaks take place at different time instants.
The other subfigures in Fig. 11 are discussed in Section 3.3.

3.2 Crest-Factor of Neural Firing Rate

Inspecting the NRF of the in-phase and the random-
phase signals in Figs. 11(a) and (b), it can be seen that
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for the in-phase signal the energy is concentrated at the
peaks, whereas for the random-phase signal the energy is
almost equally spread in time. Thus, it is suggested that the
human perception of the phase spectrum can be described
using the crest factor of the neural firing rate (CFNFR),
i.e., the ratio between the loudest amplitude values and the
mean amplitude value. The CFNFR is computed for each
frequency band from

mlO%(k)>
mai(k) )’

where m g (k) is the mean of the largest 10% of the NFR
values inside the 20-ms frame and m, (k) is the mean of all
NEFR values inside the frame. This produces values between
0 and 1, where 0 means that the NFR is equally spread in
time and 1 means that the high NFR is concentrated into
small areas. The CFNFR values are plotted in Fig. 12 for
all the signals presented in Fig. 11.

c(k) = log,, ( (8)

3.3 Analyzing the Signals with the Auditory
Model and the Crest-Factor

The results of the formal listening tests were presented
in Section 2.4, and an auditory model for explaining these
results was presented in Section 3.1. This section studies
how well the auditory model can explain the effects due to
modifications in the phase spectrum. The plots presented in
Figs. 11 and 12 are compared to the results of the listening
tests.

The NFR plots of in-phase and random-phase signals in
Figs. 11(a) and (b) were discussed in Section 3.1. Inspect-
ing the corresponding CFNFR plots, Figs. 12(a) and (b),
shows that CFNFR is significantly higher at all frequen-
cies in the case of the in-phase signal. In experiment 1, a
significant perceptual difference between these two signals
was noticed. Thus, this difference can be described with the
model.

The phase shift of 180 degrees of a single component
of an in-phase signal was noticed to cause the perception
of a sine tone to pop out of the complex tone in experi-
ment 2. In the CFNFR plot (see Fig. 12(c)), this can be
seen as a drop around the frequency of the shift. With
random-phase signals, the phase shift of a single compo-
nent does not cause significant differences in the CFNFR,
since their structure is already relatively random. Thus, no
difference is perceived in this case, as was observed in the
experiment.

In the first part of experiment 3, gradually increasing the
amount of randomization was seen to cause the perception
to change from similar to the in-phase signal to closer to
the random-phase signal. One of the test signals can be
seen in Fig. 11(d). Comparing it to the in-phase and the
random-phase signals, Fig. 11(d) shows that there still is a
clear peak curve similarly as in Fig. 11(a), but there is also
some energy in between the peaks. The CFNFR values in
Fig. 12(d) are in between the in-phase and the random-phase
signals at all frequencies. In the second part of experiment
3, the phase randomization was applied only to a narrow
band. The case of a single component was discussed earlier
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Fig. 11. Output of the auditory model for several signals employed in the listening tests, i.e., the neural firing rate (NFR) for each
time-frequency tile. Red = high firing rate, blue = no firing.

(see Figs. 11(c) and Fig. 12(c)). For other bandwidths the bandwidth of the randomization, the wider is the bandwidth
CFNFR plots would be similar, but the drop in the CFNFR of the perceived difference.

value would take place over a wider frequency range and the Experiment 4 indicated that applying a delay at high
values would be smaller. This coincides with the perception  frequencies causes a difference in the perception. If all
of the signals of the informal listening tests. The wider the harmonics one octave below and above the frequency of
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Fig. 12. Crest factor of the neural firing rate (CFNFR) corresponding to the figures in Fig. 11.

the delay are muted, no difference is perceived anymore.
Comparing Figs. 12(a) and (e) shows that the delay causes
a clear drop in the CFNFR plot. The drop starts one oc-
tave below the frequency of the delay and ends one oc-
tave above it. In the case where the frequencies one oc-
tave below and above the cross-over frequency are muted,
the harmonics above the cross-over do not interact with
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the harmonics below it, and the CFNFR plots are iden-
tical, similar to the perception in the formal listening
test.

In experiment 5, the perceived level of bass was observed
to be affected by modifying the phase spectrum. The sig-
nal with the higher perceived level of bass is shown in
Fig. 11(a) and the signal with the lower level in Fig. 11(f).
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It can be seen that the CFNFR is significantly lower in
Fig. 12(f) than in Fig. 12(a) at low frequencies, but at other
frequencies the figures are identical. Thus, large CFNFR
values at low frequencies are assumed to indicate a per-
ception of louder bass and vice versa. According to the
informal listening tests, the two signals are perceived to be
identical at high frequencies. It should be noted that the
CFNFR values would be identical with these signals also
at low frequencies without the all-pass filtering stage in the
model.

Experiment 6 showed that the effect of phase random-
ization is smaller the higher the fundamental frequency
is. Comparing the in-phase and the random-phase signals
with the fundamental frequencies of 100 Hz and 400 Hz in
Figs. 12(a), (b), (g), and (h), it can be seen that the difference
in the CFNFR values becomes smaller when the fundamen-
tal frequency is increased. If the fundamental frequency
is larger than 800 Hz, the CFNFR values are identical
regardless of the phase spectrum due to the low-pass fil-
ter stage in the model. Similarly, above 800 Hz the listeners
were not able to reliably distinguish between the in-phase
and the random-phase signals.

3.4 Discussion

As was discussed in the previous section, the model pre-
sented in this article can be used to detect whether there is
a difference in perception due to phase spectrum modifica-
tion. The suggested auditory model could, e.g., be used in
audio coding to detect cases when phase spectrum modifi-
cation should be avoided. The input and the output of the
codec could be analyzed with the model, and if there is a dif-
ference in the model output, the phase modifications, such
as decorrelation, could be omitted for these time-frequency
tiles.

In addition, some assumptions about how humans per-
ceive different sounds can be derived from the output of
the model. If the CFNFR is high at low frequencies, the
perceived amount of bass is high and vice versa. Corre-
spondingly, at mid and high frequencies, high CFNFR val-
ues correspond to a perception of a buzzy signal, whereas
low values are perceived to be more noise-like and colored.
The frequency, where this difference in the effect begins,
cannot be determined based on these listening tests. How-
ever, the informal listening tests indicate that if there are
two or more harmonics inside an ERB band, the phase
spectrum affects to the perceived “buzzyness,” whereas
if there is only one harmonic inside the band, the effect
is only in the tone color or the amount of bass. Further-
more, it is assumed that if the CFNFR value of a certain
frequency band differs significantly from the values of the
nearby bands, the complex tone is perceived as two separate
tones.

The auditory model, suggested in Section 3.1, is now
compared to existing models. The only relevant auditory
model known by the authors has been presented in [14]
(discussed in Section 1.2). The main difference compared
to the model presented in this article is that in [14] only
the peaks of the band-pass signals are detected, whereas
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in this article the rate of the firing of the neurons is esti-
mated, which was suggested to be useful in Section 3.2.
Additionally, in the model presented in this article, the fre-
quency bands interact with each other and the temporal
alignment of the frequency bands is time-invariant. These
properties are required in the model to distinguish be-
tween the different signals discussed in Sections 2.4.4 and
2.4.5.

4 CONCLUSION

Human ability to perceive differences in sounds due to
the modification of the phase spectrum was studied in this
article. Formal listening tests were arranged and synthetic
harmonic complex signals were used as test signals. The
results of the tests confirm that humans are not “phase
deaf,” the perceived difference due to randomization of the
phase spectrum can be larger than the difference due to
randomization of the magnitude spectrum with a standard
deviation of 4 dB.

In addition, it seems that the mechanisms leading to phase
perception are somewhat local in frequency, e.g., phase-
spectrum modifications at high frequencies do not affect
the perception at low frequencies. Nevertheless, the phase
spectrum affects the perception of the neighboring frequen-
cies. According to the tests, the phase of a component at
a certain frequency affects the perception of frequencies
about one octave lower and higher. Thus, there is interac-
tion between nearby auditory frequency bands but the effect
is not global. Furthermore, changes in the phase spectrum
in both the narrow and the wide band can cause differences
in the perception.

Based on informal listening tests and earlier studies,
the signals for which the phase between the harmonics
is aligned can be described to have a strong low pitch and
a “buzzy” quality, whereas random-phase signals are per-
ceived to be colored, thinner, and absent of the buzzy qual-
ity. According to the results of the formal listening tests, the
effects of phase modification are perceived to be larger the
lower the fundamental frequency is, and for signals with
a fundamental frequency above 800 Hz, the differences
in the phase spectrum cannot be perceived. In addition,
the perceived level of bass frequencies can be affected by
the phase spectrum. The difference due to phase-spectrum
modification corresponds to amplification of the magnitude
spectrum at low frequencies by 2—4 dB on average. How-
ever, this effect was found to be greatly dependent on the
individuals.

Based on the results, an auditory model to explain these
effects was developed. It aims to mimic the firing rate of
the neurons in the cochlea. After comparing the output of
the auditory model to the results of the listening tests, it
was found that the crest factor of the neural firing rate for
each frequency band can be used to explain differences
in the perception due to phase-spectrum modifications. At
the lowest frequencies of the tone, the high crest factor
indicates a perception of loud bass, whereas at mid and
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high frequencies of the tone, the high crest factor indicates
a perception of a buzzy sound.
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