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ABSTRACT

This paper discusses the perceptual consequences of smoothing of anechoic HRTF phase and magnitude spectra.
The smoothing process is based on a binaural perception model, in which interaural cues in the auditory system are
rendered at a limited spectral resolution. This limited resolution is the result of the filterbank present in the peripheral
auditory system (i.e., the cochlea). Listening tests with single and multiple virtual sound sources revealed that both
the phase and magnitude spectra of HRTFs can be smoothed with a gammatone filter which equals estimates of
the spectral resolution of the cochlea without audible artifacts. The amount of smoothing was then increased by
decreasing the order of the gammatone filters. If the filter order is reduced by a factor 3, subjects indicate spectral
and positional changes in the virtual sound sources. The binaural detection model developed by Breebaart, van
de Par and Kohlrausch was used to predict the audibility of the smoothing process. A comparison between model
predictions and experimental data showed that the threshold at which subjects start to hear smoothing artifacts can
be predicted accurately. Moreover, a high correlation exists between the model output and the amount of stimulus
degradation reported by subjects.

INTRODUCTION magnitude of the ITD or IID [1, 2, 3]. The usual result of
these experiments is that the source images are located inside

Two important features of the waveforms arriving at both the head, somewhere between the left and right ear. The

ears that determine the lateral location of a sound source are
the interaural intensity differences (IIDs) and the interaural
time differences (ITDs). Stimuli with specified values of the
ITD and IID can be presented over headphones, resulting in
a lateralization of the sound source which depends on the

reason for the fact that these stimuli are not externalized is
that the single frequency-independent IID or ITD is a poor
representation of the acoustical signals in the real world. The
waveforms of sound sources in the real world are filtered by
the pinna, head and torso of the listener, resulting in an
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intricate frequency dependence of the ITD and IID [4]. The
filtering can be described by the head-related transfer func-
tion (HRTF), which describes the position-dependent change
in the phase and magnitude spectra of a sound source. One
of the major difficulties in using HRTFs is that these filters
are both position and subject dependent [4]. Usually HRTFs
are measured as a function of both elevation and azimuth,
but there is evidence that spatial cues also depend on the
distance of a sound source [5, 6]. If invidivualized HRTFs are
used, subjects are not able to discriminate between real and
virtual sound sources presented over headphones [7, 8, 9]. If
nonindividualized HRTF's are used, however, subjects report
poor elevation accuracy and front-back confusions [10, 11].
Some attempts have been made to increase localization per-
formance with nonindividualized HRTFs by emphasizing the
pinna effects [12] or the interaural differences [13]. Because
of the large amount of data present in individual HRTF sets
that is normally required to generate externalized virtual
sound sources, researchers have tried to reduce the informa-
tion in several ways. For example, attempts have been made
to only measure HRTF sets for a limited range of source
positions and to interpolate HRTF impulse responses for po-
sitions in between [14]. Other studies described HRTFs in
terms of principal components by deriving a small set of basis
spectra with individual, position-dependent weights [15, 16].
Although this method is valid in physical terms, there is
a risk that the basis functions that are very important in
terms of the least-squares error of the fit are not so relevant
in terms of human auditory perception. An other approach
consisted of determining the role of spectral and interaural
phase cues present in the HRTFs. Wightman and Kistler
[17] showed that low-frequency interaural time differences
dominate in sound localization, while if the low frequencies
are removed from the stimuli, the apparant direction is deter-
mined primarily by interaural intensity differences and pinna
cues. Hartmann and Wittenberg [8] and Kulkarni et al. [18]
showed that the frequency-dependent ITD of anechoic HRTF's
can be simplified by a frequency-independent delay without
perceptual consequences. But also more psychoacoustically-
motivated methods of HRTF reduction have been suggested.
For example, [19] discussed three methods to reduce HRTF
information. The first entailed smoothing of the HRTF
magnitude spectra by a rectangular smoothing filter with a
bandwidth equal to the equivalent rectangular bandwidth
(ERB) [20]. The second embodied weighting of the errors in
an HRTF approximation with the inverse of the ERB scale
as weighting function. The third method used frequency
warping to account for the non-uniform frequency resolution
of the auditory system.

From many of the studies described above, it can be con-
cluded that although a single IID and/or ITD does not result
in an externalized image, the complex magnitude and phase
spectra which are present in HRTFs can be simplified to some
extent without deteriorating the externalization. In this pa-
per, we will investigate the relaxation of anechoic HRTF accu-
racy based on smoothing of the phase and magnitude spectra.
The method of smoothing is derived from a binaural detection
model described by Breebaart et al. [21, 22, 23]. Although
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smoothing has been proposed before, our efforts differ in two
aspects from other studies:

e the method of smoothing aims at a minimized percep-
tual degradation of the sound image. This is achieved
by minimizing the changes in the internal representa-
tion of a binaural detection model rather than minimiz-
ing a norm of the HRTF impulse response errors.

e because we are interested in a generalized theory of de-
scribing HRTF data, we do not discuss any filter struc-
ture that may achieve the desired smoothing, because
we do not want to be limited by implementation issues.

HRTF SMOOTHING

It is generally accepted that the auditory system splits the
incoming waveforms in several band-limited signals. The
bandwidth of these filters depends on the center frequency
[20] and can be seen as a limit of the spectral accuracy of
(binaural) processing. We hypothesize that the HRTF phase
and magnitude spectra do not need a higher resolution than
the spectral resolution of the filterbank in the peripheral au-
ditory system. This hypothesis is supported by the binaural
detection model presented by [21, 22, 23]. This model con-
sists of 3 consecutive stages which are described in more
detail in section 3. The first stage comprises a peripheral
preprocessing model, which among other things simulates the
spectral filtering of the cochlea by applying a gammatone fil-
terbank. It has been shown that with the correct choice of its
bandwidth parameter, the spectral resolution of a 4th order
gammatone filter closely matches the spectral resolution of
the human cochlea [24, 25]. The consecutive stages explore
monaural properties (such as spectral content) and binaural
properties (ITDs and IIDs) after the gammatone filterbank.
Hence this filterbank limits the spectral resolution for the
binaural auditory system. We will therefore use the same
gammatone filter to explore the perceptual consequences of
HRTF phase and magnitude smoothing.

HRTF magnitude smoothing

The gammatone filter has an impulse response for ¢t > 0 given
by [25]

h(t) = "~ Le™ 2™ cos(27 fot + @), (1)
where n denotes the order of the filter, b determines the band-
width, f. is the center frequency of the filter and ¢ the initial

phase. The resulting transfer function H(f, f.) for ¢=0 can
be approximated by [25]

1 n
m09 = (5= gom) ‘”

and the 3-dB bandwidth Bgsyp is given by

Bsgp = 2bV/21/m — 1. (3)

L The equivalent rectangular bandwidth of a bandpass gammatone filter is always larger than the 3-dB bandwidth. For a filter order
of 3, the ERB is about 13% larger than the 3-dB bandwidth. Hence the ERB of our smoothing filters is a bit larger than the ERB
estimate of the auditory filters, even at a filter order of 3. Our method of smoothing encompasses decrements of the filter order and
hence increments of the ERB of the smoothing filter. However, the 3-dB bandwidth is always kept constant and was equal to the

ERB-estimate of the human auditory filters.
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This 3-dB bandwidth was set to the equivalent rectangular
bandwidth (ERB) estimate ! of the human auditory filters
given by [20], resulting in

bfy — 2ATO00437/ + 1)
PN

Then the smoothed magnitude |Y(f.)| of HRTF X (f) is given
by

(4)

Y (f) = \/fo DR PG o

Jo7 1H (S, fe)|2df

The numerator denotes the product of the original magnitude
spectrum | X (f)| with the smoothing function |H(f, fc)|, while
the denominator compensates for a spectral tilt resulting from
the changing bandwidth with center frequency. The explicit
form given in Eq. 5 has some important advantages:

1. because a gammatone filter is used, the amount of
crosstalk between adjacent filters is closer to that in the
human auditory system than for a rectangular smooth-
ing window, as suggested by [19].

2. the binaural detection model described in [21] uses the
energy of the difference signal of the waveforms arriv-
ing at the two ears after the peripheral filterbank as
a decision variable to detect interaural differences. It
can be shown that smoothing of the power spectrum of
the HRTF magnitude spectra instead of smoothing the
linear magnitude spectra gives a better fit in terms of
the binaural model.

The parameter that was used to change the effect of the
smoothing process is the order of the filter n. If n is de-
creased, the skirts of the smoothing filter become less steep
while keeping the 3-dB bandwidth constant. Hence pro-
cessing an HRTF with a lower filter order leads to more
smoothing. This is demonstrated in Fig. 1. The left panel
shows the magnitude of the smoothing filter |H(f,500)| at
a center frequency of 500 Hz for different values of the filter
order, ranging from 0.5 to 3. The right panel corresponds to
a center frequency of 2000 Hz.
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Fig. 1: Examples of the smoothing functions |H(f, fc)|
as a function of frequency for two center frequencies (500
Hz for the left panel and 2000 Hz for the right panel) and
different values for the filter order, ranging from 0.5 to
3.

HRTF SMOOTHING

The result of the smoothing process upon the magnitude of
the HRTF can be observed in Fig. 2. Here, the magnitude
of the HRTFs for a sound source at an elevation of 0° and
an azimuth of 30° is shown. The left panel corresponds to
the ipsilateral ear, the right panel to the contralateral ear.
The solid line denotes the original (i.e., unprocessed) HRTF.
The dashed line is a smoothed magnitude spectrum for n=1.
Clearly, sharp peaks and dips disappear through the smooth-
ing operation.
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Fig. 2: Unprocessed (solid lines) and smoothed (dashed
lines) HRTF magnitude spectra for a sound source at 0°
elevation and 30° azimuth. The order of the smoothing
filter n equals 1. The left panel shows the spectra for the
ipsilateral ear, the right panel for the contraleral ear.

HRTF phase smoothing

The phase spectra of HRTF pairs usually consist of interaural
phase differences that are not linear with frequency (i.e., an
overall delay of the contralateral ear). From an engineering
point of view, however, it would be very attractive if linear
phase or minimum phase filters could be used for the gen-
eration of virtual sound sources due to their lower complex-
ity. We therefore decided not to smooth the phase spectra
themselves, but to use a smoothing that eventually (for low
n) results in linear phase HRTFs, and hence in a frequency-
independent ITD. This time smoothing is obtained by first
dividing the phase spectrum by 27 f. Given a HRTF X (f.),
the smoothed phase spectrum of Y (fc) is given by

oo arg{X
S5 2D (1, fe)ldf

Jo" [H(£)ldf

arg{Y(fe)} = 27 fe

An example of the resulting ITD is given in Fig. 3. The left
panel shows the ITD for a sound source at 30° azimuth, the
right panel for 120° azimuth. The solid line denotes the orig-
inal (i.e., unprocessed) ITD, the dashed line the smoothed
ITD for n=1. The following sections describe psycho-acoustic
listening tests to reveal the audibility of the smoothing oper-
ation described above.
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Fig. 3: ITD as a function of frequency for an unpro-
cessed HRTF pair (solid line) and a smoothed HRTF
pair (dashed line). The left panel corresponds to a sound
source at 30° azimuth, the right panel to 120° azimuth.

PERCEPTUAL EVALUATION
Stimuli

Six different wideband CD-quality stereo musical fragments
were used to create virtual loudspeakers. These fragments
had a duration of about 2.5 seconds. The fragments cover
a wide variety of musical genres and sonic attributes: some
fragments only contained one instrument (voice or piano),
while other fragments created various phantom sources when
played through a stereo sound set (orchestra and rock band).
The normalized cross-correlation between the left and right
channels ranged from 0.05 to 0.94.

Anechoic HRTFs were taken from the AUDIS CDROM [26]
for one person only. Each subject in our experiments listened
to the same (non-individual) HRTF set. The six audio frag-
ments were filtered with original (unprocessed) HRTFs and
smoothed HRTFs. Smoothing was applied for HRTF phase
only, HRTF magnitude only, or both. The smoothing order
n ranged from 3 (little smoothing) to 0.1 (very close to linear
phase or a flat spectrum). Two distinct cases were investi-
gated. The first comprised only one virtual sound source at
an elevation of 0° and an azimuth of 0°, 30° or 120°. The
second condition comprised 2 virtual loudspeakers, at + 30°
or at £+ 120° azimuth. In this condition, the signals con-
sisted of the left channel and the right channel of the original
stereo fragment, respectively. All stimuli were presented to
the subjects over headphones (Beyerdynamic DT990) in an
isolated listening booth at a level between 70 and 80 dB SPL
(depending on the fragment).

Procedure

Three trained subjects participated in the experiments. Each
trial consisted of the presentation of a fragment filtered
through unprocessed HRTFs, followed by 300 ms silence
and the same fragment filtered through processed HRTFs.
All combinations of fragment, smoothing parameters and
number of virtual loudspeakers were presented once in ran-
dom order. Subjects had to judge the difference between the
two fragments by giving one out of three possible answers: no
audible differences, small audible differences (subjects could
hear some subtle changes) or large audible differences (sub-
jects could clearly hear the effect of the smoothing operation).

HRTF SMOOTHING

Results

The subjects’ responses averaged over fragment and subject
are shown in Fig. 4. The left panels show data for phase
smoothing only, the middle panels for magnitude smoothing
only. The right panels correspond to combined magnitude
and phase smoothing. The upper panels correspond to a
single virtual loudspeaker, the lower panels correspond to
two simultaneous virtual loudspeakers. If the data for a sin-
gle virtual loudspeaker are considered, filter orders of 1 and
higher do not result in audible aftifacts for phase smoothing
or magnitude smoothing, independent of the position of the
virtual loudspeaker. Below filter order 1, subjects indicate
very small audible differences for phase smoothing, small au-
dible artifacts for magnitude smoothing and clear effects of
the combined smoothing.
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Fig. 4: Subjects’ average responses as a function of the
smoothing filter order for a single virtual loudspeaker
(upper panels) and for two simultaneous virtual loud-
speakers (lower panels). The left panels show data for
phase smoothing only, the middle panels for magnitude
smoothing only, and the right panels for combined mag-
nitude and phase smoothing. The downward triangles
correspond to virtual loudspeakers at an azimuth of 0°,
and the upward triangles and diamonds to 30 and 120°
azimuth, respectively.

The lower panels show the data for 2 simultaneous loudspeak-
ers, at + 30 or + 120° azimuth (triangles and diamonds,
respectively). Clearly, in these conditions, phase smooth-
ing does not result in audible changes (see lower-left panel).
Magnitude smoothing results in audible artifacts if the fil-
ter order is at or below 0.5 for sources at + 30° azimuth.
For sources at £+ 120° azimuth audible artefacts are only
reported for filter orders below 0.5. The combined magnitude
and phase smoothing results in very similar data as for mag-
nitude smoothing alone. Overall, it can be concluded that
for two virtual loudspeakers more smoothing can be allowed
to result in similar perceptual stimulus degradation as for a
single virtual loudspeaker.

MODEL PREDICTIONS

The binaural detection model of [21, 22, 23] was used to sim-
ulate the perceptual consequences of HRTF smoothing. The
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reader is referred to the references above for the complete
details of the model. Only the general model setup will be
discussed here (see Fig. 5).
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Fig. 5: General model setup. The model consists of three
stages: a peripheral preprocessor, a binaural processor
and a central processor.

The model consists of three stages. The first stage comprises
a peripheral preprocessing stage. The three most promiment
features of this stage are:

e Filtering of the gammatone filterbank. The filterbank
present in the peripheral processing stage determines
the spectral resolution of the model, in line with the
ERB estimates published by [20].

e Inner haircell model. This stage consists of a half-wave
rectifier followed by a fifth-order lowpass filter with a
cutoff frequency (-3dB) of 770 Hz. Hence below 770
Hz, both the ITDs and IIDs are preserved at the out-
put of this stage. However, above 2 kHz, the output
approximates the envelope of the incoming signals and
hence only IIDs and ITDs present in the envelope are

HRTF SMOOTHING

preserved. For frequencies in between, the ITD in the
fine structure waveforms is gradually lost.

e Adaptation loops. The chain of adaptation loops in the
peripheral processor has an almost logarithmic input-
output characteristic in steady state and is a non-linear
device. It has been shown frequently that for both
monaural and binaural detection of signals added to
a wideband masker with a variable level, the thresh-
old signal-to-masker ratio is approximately constant,
as long as the masker level is well above the absolute
threshold [cf. 27, 28]. If it is assumed that a certain
constant change at the output of the adaptation loops
is needed to detect a signal, the signal must be equal to
a certain fraction of the masker level due to the loga-
rithmic compression. Hence the signal-to-masker ratio
will be approximately constant at threshold.

The second stage comprises binaural interaction based on
an Equalization-Cancellation (EC) mechanism [29, 30]. For
each frequency channel, the squared difference between the
waveforms from the left and right peripheral preprocessors is
computed as a function of an internal interaural delay T (in
seconds) and an internal interaural level adjustment o (in
dB) by so-called El-type (Excitation-Inhibition) elements.
These squared-difference signals are then fed through a tem-
poral averager to account for a limited binaural temporal res-
olution. This process is performed for all center frequencies of
the gammatone filterbank, resulting in a set of 3-dimensional
activity patterns which usually have a minimum somewhere
in these patterns. At this minimum, the externally presented
IID and ITD at that frequency are compensated optimally by
the internal delay and level adjustments. Hence the position
of the minimum depends on the interaural time and intensity
difference that was present in the stimulus at that center
frequency.

The third stage, the central processor, receives both binaural
(from the binaural processor) as well as monaural (directly
from the adaptation loops) information. These inputs are all
corrupted by additive internal noise to limit their resolution.
The task of this stage is to compute an overall difference
measure between two different internal representations.

The model predictions were obtained in the following way.
First, an audio fragment which was filtered by an unpro-
cessed HRTF set was fed through the model. This stimulus
resulted in a certain internal representation. Such an internal
representation can be divided into a monaural component
and a binaural component, shown by the direct connections
from peripheral preprocessor to the central processor and the
outputs of the binaural processor to the central processor,
respectively. These channels represent monaural cues, such
as timbre or overall power changes. On the other hand, the
outputs of the binaural processor supply binaural properties
of the presented waveforms, such as the ITD or ITD present in
the stimulus. An example of the computed binaural activity
pattern generated by the binaural processor is shown in the
left panel of Fig. 6 as a function of the internal ITD and IID.
The picture was generated for a virtual loudspeaker radiating
white noise at 30° azimuth and 0° elevation. The center
frequency of the model was set to 250 Hz. There is a clear
minimum at a certain small internal delay, which just com-
pensates for the ITD present in the stimulus due to HRTF
filtering.
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Fig. 6: Example of the effect of the combined phase and
magnitude smoothing on the internal representation of
the model. The left panel shows the internal activity
pattern at 250-Hz center frequency as a function of the
internal delay and internal intensity difference for an un-
processed HRTF pair corresponding to 30° azimuth. The
right panel shows the change in the pattern due to HRTF
smoothing.

If the stimuli are filtered by smoothed HRTFs and subse-
quently fed through the model, the internal representation
of that stimulus will be slightly different from the internal
representation of stimuli filtered by the original HRTFs. This
change is the cue for detection by the model. This cue can
be purely monaural, for example the smoothing of peaks and
dips in the magnitude spectrum, but may also be binaural,
such as changes in the interaural phase spectrum. The change
in activity between the two internal representations was com-
puted for each frequency and as a function of time, and both
for monaural and binaural channels. As an example, the right
panel shows the change in the binaural activity pattern due
to combined phase and magnitude HRTF smoothing with
order n=1, again at a center frequency of 250 Hz.

To result in a single measure of distance or difference be-
tween two internal representations, the changes in the inter-
nal representations (for both monaural and binaural cues at
all center frequencies) are combined into one difference mea-
sure. This difference measure is obtained as follows. For each
combination of sound source position and audio fragment,
the internal representation of the corresponding stimulus was
computed. This resulted in a time-varying model activity for
each frequency channel and a,r combination. However, only
two monaural (from the left and right ears) and one binau-
ral output (i.e., one «,7 combination) per frequency channel
was used in the detection process. The a,7 values were ob-
tained by computing the time-averaged binaural output per
frequency channel and selecting o and 7 that corresponded
to the minimum average activity. The difference in internal
representations between stimuli filtered by smoothed and un-
processed HRTFs was subsequently computed for each filter.
To obtain a single time-varying distance measure, these dif-
ferences were combined across frequency channels according
to an optimal criterion [see 21, for details]. To account for
the (limited) temporal integration ability of human listeners,
this output was smoothed by a double-exponential averag-
ing window with an equivalent rectangular duration of 300
ms. The maximum of this smoothed output was used as the
overall distance measure. Because all internal channels are

HRTF SMOOTHING

corrupted by internal noise, the overall distance measure will
also be corrupted by internal errors. We therefore use the de-
tectability index d’, defined as the mean value of the difference
(i.e., without noise), devided by the standard deviation of the
noise on the decision variable. Thus, d’ serves as a measure
of detectability of the change in the internal representation
due to HRTF smoothing. A low value of d’ (<1) denotes in-
audible changes or changes near threshold, while large values
of d’ >1 correspond to clearly audible artifacts. Values for d’
were computed for each stimulus and virtual source position.
The results are given in Fig. 7. The format is the same as
in Fig. 4, except for the fact that the subject responses are
replaced by the output of the model.
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Fig. 7: Model output as a function of the smoothing
filter order. The format is the same as in Fig. 4.

As expected, the model output increases monotonically with
a decrease in filter order. Similar to the results obtained with
human listeners, phase smoothing results in less audible arti-
facts than magnitude smoothing. Furthermore, more smooth-
ing is necessary to obtain a similar model output for two vir-
tual loudspeakers than for one virtual loudspeaker. To make
a more quantitative comparison between model output and
subject responses, we compared the responses of the listeners
with the model output for corresponding stimuli. The results
of this comparison are shown in Fig. 8. The abscissa gives the
model output (d’), the ordinate the corresponding response
of the subjects. The values for d’ were averaged across audio
fragments and plotted for each parameter combination (i.e.,
smoothing order, number of virtual loudspeakers and position
of the virtual loudspeakers). The left panel corresponds to a
single virtual loudspeaker, the right panel for 2 virtual loud-
speakers. The solid lines are a linear fit to the data. Several
remarks can be made with respect to Fig. 8.

e A high correlation exists between model output and
subjects’ response, both for single and multiple virtual
sources.

e Predictions for phase smoothing, magnitude smoothing
and the combined processing results in a similar rela-
tionship between model output and subjects’ response.
This relation can be successfully described by a lin-
ear fit. This indicates that the model can predict the
perceptual consequences of different types of smooth-
ing and transform differences in stimuli into one single
difference measure.
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e For single and multiple sources, the linear relation is
not exactly equal, but very similar. In Fig. 3, it has
been shown that subjects tolerate more smoothing for
multiple sources than for a single virtual source. A sin-
gle relation for the model was demonstrated in Fig. 7.
Thus, the model correctly predicts that more smooth-
ing is allowed for multiple sources compared to a single
source to result in similar stimulus degradation.

e The values for d’ which correspond to small audible
artefacts amount about 8. This is significantly higher
than the d’ value of about +1 which is used to define
the threshold of detectability in critical listening tests
[see 22, 23]. This difference may be the result of the
experimental procedure that was used in our experi-
ments. Obviously, the procedure in our experiments
does not yield maximum detection performance. Pilot
studies revealed that experiments with noise instead of
musical fragments combined with many repetitions of
the same stimulus resulted in somewhat higher reported
artefacts. Furthermore, subjects were asked to rate the
audibility of the artefacts and were not instructed to
optimally detect the presence of artefacts. A third ra-
tionale for high d’ values may be related to the fact
that the subjects did not listen through their own ears,
i.e., nonindividual HRTF's were used to generate virtual
speakers. The use of individualized HRTFs may result
in larger reported smoothing artefacts. A fourth rea-
son for high d’ values may be related to the method of
deriving the model predictions. The maximum d’ value
in time occuring for each audio fragment was used as
model prediction. It may well be the case that listen-
ers do not base their response on the maximum audi-
ble artefact that occurs during one interval but that
they form some kind of average distortion measure. If
the model predictions were based on an average output
rather than the maximum output, lower model outputs
are expected.

1 virtual loudspeaker 2 virtual loudspeakers

x  magnitude
O phase
+ magn+phase

Subject response
Subject response

6
Model output

6
Model output

Fig. 8: Subjects’ responses of the experiments described
in section IT as a function of the model output in terms
of d'. The left panel shows data for a single virtual
loudspeaker, the right panel for two simultaneous virtual
loudspeakers. The crosses denote magnitude smoothing,
the circles phase smoothing and the plus signs combined
magnitude and phase smoothing. The solid lines are a
linear fit.

DISCUSSION AND CONCLUSIONS

The results of the experiments demonstrate that the complex
phase and magnitude spectra present in anechoic HRTF's can

HRTF SMOOTHING

be simplified by the assumption that their spectral resolu-
tion does not have to exceed the spectral resolution of the
cochlea. Specifically, a first-order gammatone filterbank with
bandwidths of 1 ERB is sufficient to describe the frequency
dependence of both the phase and magnitude spectra. The
amount of crosstalk between filters of a first-order filter is
substantially more than for a 4th-order filterbank, which is
usually used to describe the spectral resolution of the au-
ditory system. Furthermore, when the smoothing is strong
enough to lead to audible differences, these are stronger for
mangitude than for phase smoothing. FEven if the phase
spectra are almost linear (n=0.1), subjects indicate only very
small differences, or do not report differences at all. This
result is in line with the data from [18] where it is shown
that linear phase HRTFs are not discriminable from unpro-
cessed HRTFs. Our results also suggest that anechoic HRTFs
can successfully be described by a linear-phase filter with a
magnitude spectrum with a limited resolution, as long as
the interaural delay matches the average delay found in the
original HRTF set.

If more virtual loudspeakers are combined which have a par-
tially overlapping spectrum, even more smoothing is allowed
than for a single virtual source. This is due to masking across
channels which results in a decreased sensitivity for interaural
parameters of the different sources.

The model of [21] can successfully describe the perceptual
degradation of the smoothing process, both for phase and
magnitude smoothing. It can also account for the difference
between one and two virtual loudspeakers. The transforma-
tion between physical differences between stimuli to the dis-
tance measure provided by the model results in a metric which
is highly correlated with the scaled perceptual differences re-
ported by subjects.
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