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ABSTRACT
Various approaches have been reported on HRIR modeling to lighten
the high computation cost of the 3-D audio systems without sac-
rificing the quality of the rendered sounds. The performance of
these HRIR models have been widely evaluated usually in terms
of the objective estimation errors between the original measured
HRIRs and the modeled HRIRs. However, it is still unclear how
much these objective evaluation results match the psychoacoustic
evaluations. In this research, an efficient finite-impulse-response
(FIR) model is studied as a case study which is essentially based
on the concept of the minimum-phase modeling technique. The
accuracy dependency of this modeling approach on the order of
FIR filter is examined with the objective estimation errors and the
psychoacoustic tests. In the psychoacoustic tests, the MIT HRIR
database are exploited and evaluated in terms of sound source lo-
calization difference and sound quality difference by comparing
the synthesized stimuli with the measured HRIRs and those with
the FIR models of different orders. Results indicated that the mea-
sured hundred-sample-length HRIRs can be sufficiently modeled
by the low-order FIR model from the perceptual point of view, and
provided the relationship between perceptual sound localization/
quality difference and the objective estimation results that should
be useful for evaluating the other HRIR modeling approaches.

1. INTRODUCTION

Head-related impulse responses (HRIRs) play an important role in
binaural 3-D audio rendering, which is generally realized by con-
volving the input stimulus with HRIRs. The direct way to obtain
the HRIR from a given source location is to measure the HRIR at
the ear drum for the impulse placed at the source [1]. However, the
measured HRIRs are always a couple of hundred-sample lengths,
which results in the high computational cost for real-time appli-
cations especially when simultaneously rendering multiple sound
sources. To overcome these problems, various approaches have
been reported to model HRIRs in the temporal and/or spectral do-
main [2][3]. The HRIR modeling approaches that have been re-
ported in the literatures can be roughly classified into three cat-
egories: the physical-based computational approach [4][5], the
parametric modeling approach [6][7], and the filter-based model-
ing approach [8][9].

As the simplest physical computational approach, the struc-
tural model is composed of different basic filters each of which is
used to model the acoustic effects of each component of human
body on wave propagation in an anechoic environment. Though
this model is conceptually simple to implement, it is very difficult
to estimate the model parameters from the geometrical measure-
ments, especially for pinna [10]. Moreover, it is still unknown

how to deal with the sources coming from the back half space
[4]. Another well-known computational model is the boundary-
element method (BEM), which provides an elegant way of the par-
tial differential equations that describe acoustic wave propagation
around a physical object [5]. The disadvantage of this approach in-
clude the difficulty in getting accurate surface meshes (especially
for pinna) and the high computational cost. The negative aspect of
these physical computational approaches is that they made a num-
ber of assumptions, which may remove some essential information
which are necessary for producing a realistic acoustic environment
simulation.

The parametric modeling approaches, which attempt to func-
tionally represent the HRIRs, generally first model the measured
HRIRs using a set of parameters that are further used for HRIR
synthesis. For instance, Evans et al. suggested a form of con-
tinuous orthogonal representation in which the HRTFs were ex-
pressed as a weighted sum of surface spherical harmonics [6],
and Kistler and Wightman reported to approximate the minimum-
phase HRTFs with principal components analysis (PCA) [7]. But
the use of such models in systems still has many draw backs. One
of them is the HRIR implementation which, even if greatly com-
pressed, requires a large computational cost to uncompress or re-
cover the data.

The FIR and IIR filters are also widely used for HRIR model-
ing in the temporal and/or spectral domain. Bolmmer and Wake-
field presented to design the IIR filter based on the error criteria of
log-magnitude spectrum differences [9]. Asano et al. investigated
the abilities of IIR filters with different orders for modeling indi-
vidual HRIRs, and showed that a 40th-order IIR filter yielded good
approximation of individual HRIRs in terms of sound localization
difference, with the exception of increased front-back confusions
in frontal incident angles [11]. Though IIR is able to model HRIRs
with a quite low order, it is very difficult for IIR filter to be inter-
polated between discrete positions.

The performance of most HRIR models have been widely eval-
uated usually in terms of the objective estimation errors between
the original measured HRIRs and the modeled HRIRs. However, it
is still unclear how much these objective evaluation results match
the psychoacoustic evaluations. In this paper, we focus on a FIR
approach for HRIR modeling on the concept of the minimum-
phase approximation technique. Main attention was paid to in-
vestigate the accuracy dependence of this FIR-based modeling ap-
proach on the order of FIR filters through psychoacoustic tests
in terms of sound source localization difference and sound qual-
ity difference. And one objective evaluation errors was used to
investigate the effectiveness of this FIR models. Psychoacoustic
test results demonstrated that the measured HRIRs can be suffi-
ciently modeled by the low-order FIR model. And the relationship
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between perceptual sound localization/ quality difference and the
objective estimation results is useful for evaluating the other HRIR
modeling approaches.

2. METHOD

The implementation of the filter-based modeling approaches can
be in the time or frequency domain. The modeling approach stud-
ied here is in the frequency domain. More specifically, the fre-
quency responses of the measured HRIRs are approximated on the
minimum phase theory, which consists of the following steps (We
use the front HRIR (0◦, 0◦) of MIT database as an example):

1. ITD estimation of HRIRs.
The commonly used approach for ITD estimation is based
on the cross-correlation between left and right channels of
HRIRs [7]. The ITD is calculated in this work through es-
timate the time delay of each HRIR, which is determined
as the time at which the HRIR becomes non-zero using
the threshold-based detection technique, and yielded the al-
most identical results with cross-correlation method [2]. As
shown in the figure 1, the time delay is 33 samples (the red
part).
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Figure 1: Example of time delay detection of HRIR.

2. Amplitude approximation of the minimum-phase HRIRs with
the different FIRs of different orders.
The minimum-phase HRIRs, h’(t), are first derived by re-
moving the zeros at the beginning of HRIRs based on the
estimated ITDs. The corresponding transfer functions are
denoted as H’(k) in the frequency domain. Then the ampli-
tude responses of H’(k) are approximated by the FIR filters.
The coefficients of the FIR filters to be estimated are even-
tually determined by using a linear least square error func-
tion [12]. Note that given different FIR orders, different
coefficients of FIR filters can be derived. In other words,
the FIR models with different orders should yield different
abilities in approximating the amplitude response H’(k) of
the minimum-phase HRIRs. Figure 2 depicts the frequency
response of minimum-phase HRIR and the frequency re-
sponse of FIRs with the order of 47 and 68.

3. Modeled HRIRs synthesis by adding ITD cues.
The time domain modeled HRIRs h(t) can be obtained us-
ing the FIR filters, followed by supplementing the ITD cues.
Actually, it is needn’t add the zeros to the FIR directly. This
procedure is essentially implemented by adding the zeros to
the output signal when the convolving of input signal and
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Figure 2: Frequency response of HRIR and FIR.

FIR is done. So the number of zeros will not affect the ef-
ficiency of this model. Figure 3 shows the original HRIR
and the FIR with the order of 47. (For easily compare, the
start point of FIR in the figure was moved 33 samples.)
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Figure 3: Compare of original HRIR and modeled FIR.

3. PERCEPTUAL EVALUATIONS

3.1. Data

The HRIRs were provided by MIT measured using a KEMAR
dummy head [1]. Gardner and Martin made an assumption that
the dummy head is perfectly symmetrical, so the HRIRs need be
collected for only one ear. This assumption allowed them to mount
two different pinnae on the KEMAR, and the HRIRs associated
with both pinna types could be collected simultaneously. The
HRIRs used in this paper are measured with the right ear.

To investigate the dependence of the ability of the considered
HRIR modeling approach on the order of FIR filters and find out
the minimum order of the FIR for modeling the measured HRIRs,
various FIR orders were designed according to the E series stan-
dard [13]. Since the length of the measured HRIRs were 512 sam-
ples, the examined FIR orders were eventually determined as 10,
15, 22, 33, 47, 68, 91, 121, 178, 200, 261, 383, 464. Given a FIR
order, the modeled HRIRs can be computed using the approach
described in the previous section. In our tests, the directions of
horizontal plane and vertical plane are evaluated. The horizontal
angles of the HRIRs are from -90◦ to 90◦ at the interval of 30◦,
and the vertical angles were from -30◦ to 90◦, the interval is 30◦.

To generate the stimuli for psychoacoustic tests, three signals
were exploited, including one broad-band white noise, one male
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speech signal and one telephone ring signal, with the length of 2s,
3s and 2s respectively. The stimuli were eventually generated by
convolving three types of signals with the HRIRs modeled with
the FIRs of different orders and adding time delay. The generated
stimuli were subsequently presented to subjects for psychoacoustic
tests.

3.2. Subjective evaluation

A total of 10 subjects (5 male and 5 female) with normal hearing
were recruited and paid for their participation in psychoacoustic
tests. The subjects were aged from 23 to 28. In tests, stimuli
were presented to the subjects at a comfortable listening level with
Sennheiser HD 280 Pro headphones. Two psychoacoustic tests
were carried out for comparing the stimuli generated by the mod-
eled HRIRs and those by the measured HRIRs, in terms of sound
quality difference and sound localization difference, respectively.
In each evaluation (for quality or localization difference), each
subject listened to a total of 1512 stimuli (3 signals × 12 DOAs
× (13 orders + 1 original) × 3 times), where each stimuli were
presented three times. The stimuli were grouped into 108 sets in
each of which 14 stimuli (processed by the FIR filters with 13 dif-
ferent ordered and the measured original HRIRs) were randomly
presented to subjects. In listening tests, the 108 sets were further
divided into 6 sessions with 18 sets in each session. The subjects
were asked to have a break after one session.

For the perceptual tests, the paired comparison evaluation was
used, in which one stimulus was generated by convolving the dry
signal with the measured HRIR and the other with the FIRs of dif-
ferent orders. The presentation order of the stimuli sets and the
stimuli in each set were randomized for each subject. The stimuli
could be listened to several times until the subject made a decision.
For each paired comparison, subjects provided a score on the five-
grade scale based on his/her preference in terms of the degree of
difference in sound quality or sound localization. The detail spec-
ification of the five-grade scale is shown in Table. 1. During the
test, no feedback information was given to the subjects.

Table 1: Five-grade score scale using in the psychoacoustic listen-
ing tests and its description.

Score Description
1 Exactly different
2 Different
3 Uncertain
4 Almost same
5 Exactly same

3.3. Objective evaluation

In order to objectively evaluate the model against the original mea-
sured HRTF, and further find the relationship between the objec-
tive and subjective evaluations, the spectral distortion (SD) was
considered as error measure [10].

SD =

√√√√√ 1

N

N∑
i=1

20 log10
|H(fi)|∣∣∣H̃(fi)

∣∣∣
2

[dB] (1)

where H is the frequency response of original HRIR, H̃ is the fre-
quency response of modeled HRIR (FIR), and N is the number of
available frequencies in the considered range, that limited between
500 Hz and 16 kHz. For calculate H̃ , the zeros are added to the
FIRs.

3.4. Results

The overall psychoacoustic results in terms of sound quality differ-
ence and localization difference are plotted in figure 4. As shown
in figure 4, a FIR filter with 68 coefficients (Note that the zeros that
represent the time delays are not considered) is sufficient in both
sound quality and localization. That is, the FIRs with 68 coeffi-
cients (not 512 samples as in the measured HRIRs) are able to pro-
vide the quite similar perceptual sensation. The FIR-based HRIR
modeling approach greatly reduced the length of HRIRs, which
further reduced the computational cost and speed up the synthesis
procedure of binaural signals. Furthermore, if only sound source
localization performance is considered as evaluation criterion, the
minimum order of FIRs can be further decreased to 47, at which
the sound quality will be slightly different from that by the mea-
sured HRIRs.

As the three signals used in our psychoacoustic tests exhib-
ited different energy distribution in the time-frequency domain,
the dependency of the modeling ability of FIR-based approach
on the FIR order was further investigated by looking at its rela-
tionship with the stimuli type. The perceptual results in terms of
sound quality difference and sound source localization difference
are plotted in figure 5 and figure 6, respectively. From these re-
sults, it is noted that the minimum order of FIR that provided the
acceptable sound quality and sound localization is dependent on
the stimuli type. For example, the FIR order that yielded suffi-
ciently acceptable sound quality and localization for the telephone
ring signal is lower than that for the male speech and white noise
signals. This difference might come from the difference in energy
distribution of each stimulus in the time-frequency domain.

Figure 7 depicts the SD of FIRs with different orders. As
shown in figure 7, the SD is nearly 2 dB where the order of FIR
is 47, which obtain acceptable source localization performance.
If the sound quality is concerned, which means the order of FIR
would be 68, the SD is nearly 1 dB. When the SD is larger than
4, correspond to the FIR order is small than 22, both the sound
quality and source localization performances are poor.
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Figure 4: Overall results.
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Figure 5: Sound quality difference results of different stimuli.
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Figure 6: Sound source localization difference results of different
stimuli.

4. CONCLUSION

In this paper, a FIR-based HRIR modeling approach based on min-
imum phase theory was studied. In this paper, the HRIR is ap-
proximated by a FIR filter and ITD cues. The main attention in
this paper was paid to the performance dependence of this mod-
eling approach on the order of FIRs through psychoacoustic tests
in terms of sound quality difference and sound source localization
difference. Psychoacoustic test results indicated that the measured
HRIRs with the length of hundred samples can be perceptually
modeled by the low-order FIRs with a dozen of coefficients. And
the performance is further evaluated by objective quantity, the rela-
tionship of the objective and subjective evaluation would be help-
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Figure 7: objective evaluation results of MIT database.

ful for other HRIR modeling methods.
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