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Abstract

This paper starts with a short summary about previous work
done in the field of head-related transfer function (HRTF) 
measurement and processing. Afterwards a new method to
find and optimize HRTFs is explained. The main idea is to 
use expert listeners to select and tune the HRTFs with the 
help of real-time interaction adjustment of all parameters
under test. Afterwards a listening test validates the previous 
results. Additionally several practical remarks regarding 
HRTF measurement and available HRTF sets are given. A 
possible scheme for the post processing is presented. 

1. Introduction 

Head-related transfer functions describe the relation between
the free sound field and the sound pressure somewhere in the
human ear canal (influenced by torso, head, and pinnae).
They are necessary for out-of-head localization with
headphone reproduction. HRTFs are used in a wide range of 
applications and algorithms, e.g. virtual reality applications1,
down mix of multichannel signals for headphone 
reproduction, sound reproduction for game application, 
auditory display, and crosstalk cancellation for the 
reproduction of binaural sound over loudspeakers. In general 
HRTFs are necessary for all headphone 3D-sound 
reproduction.

2. Previous Work

The importance of HRTFs for spatial hearing is known for a 
long time, see e.g. Blauert [2]. The use of HRTFs for a
practical application, for, e.g., listen to loudspeaker signals 
over headphones, is also not new (Blauert and Laws [3]). The 
problems rising by using HRTFs regarding localization 
(wrong direction or in-head localization) and the influence on
sound coloration are reported at the same time in [3] and Laws
[4]. Also a solution to improve the quality with the help of a
head tracker to achieve the so-called “perceptual space
constancy” (Blauert [1], page 383) is given only some years
later by Boerger et. al. [5]. Because the problem still exists, it
has been investigated recently again by Mackensen et. al. [6]
and  Minaar et. al. [7].
The technique of measuring the HRTFs has been improved 
constantly. It is known today that the spatial characteristics of 
the external ear do not depend on the ear canal impedance
([1], p. 302). This reduces the inter-individual variance 
between the HRTFs by using the blocked ear-canal method.

The use of small standard microphones improves also the
signal to noise ratio compared to the earlier used tube
microphones. See the change of measurement technique by
Møller et. al. [9] and Hartung [10] compared to the technique
from Wightman and Kistler [8].

1 Such a VR application is under development in the European 
IST project MUVII (Multi User Virtual Interactive 
Interface), http://muvii.hpclab.ceid.upatras.gr/.

Figure 1: Comparison of left ear HRTFs for open ear

canal (left column) and blocked ear canal (right

column). White curves represent means. [9]

A detailed evaluation of the dependence of the head-related 
transfer functions (HRTFs) on the position of the recording
microphone along the ear canal for blocked and unblocked
conditions is presented in Algazi et. al. [14] and confirms the 
results from [9] and [10]. Hartung additionally points out that
the measurement with the blocked ear canal should not be at 
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the entrance to the ear canal but 5mm inside as this reduces
significantly the front-back reversals. But still the differences 
between individual HRTFs are around 4dB in the 5kHz 
frequency region and partly over 8dB above 10kHz, see 
Figure 1 [9].
To take into account the transfer function of the headphones a 
monaural equalization is necessary,  see Møller et. al. [13].
Every headphone type has a different transfer function (PTF). 
For the equalization, the inverse headphone transfer function 
is necessary (IPTF). Also the same headphone produces 
different PTFs on different human heads, see [13]. The PTFs
should be measured with the same microphone at the same 
position in the ear canal as the HRTFs are measured. A pre-
requirement for using the IPTFs for equalization is an
acoustical open headphone, see [13]. The variance between
the PTFs measured on different humans has to be added to
that from the HRTFs. 
HRTFs, measured in the anechoic chamber, can be kept 
unprocessed or can be equalized to a standardized interface, 
either for free-field or diffuse-field. Theile in [11] and 
Larcher et. al. in [12] showed, that the diffuse-field
equalization has several advantages. The spectral content of a 
diffuse-field is better preserved with a diffuse-field
equalization. Since most of the sounds occur in rooms and 
have a large diffuse component, this seems to be the most 
appropriate equalization method. Also Larcher et. al. depicted 
in [12] that minimum phase diffuse-field equalized HRTFs
are shorter than the raw or the free-field equalized HRTFs.
This is important for an efficient implementation. There are 
three methods to get the diffuse-field transfer function: 

1. Measurement in a reverberant chamber.
2. Power averaging over a large number of free-field

HRTFs.
3. Measurement of the impulse response function of a 

normal room and extraction of the diffuse part. 
Additionally, when the HRTFs are diffuse-field equalized, all 
headphones, which are following the diffuse-field standard, 
can be used. The different interface possibilities are shown in 
Figure 2. 
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(b) HRTFs and IPTF normalized  to diffuse field
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Figure 2: Interface possibilities between HRTFs and 

headphone

For the evaluation of the HRTFs the spatial accuracy of the 
direction of a sound event is measured, see e.g. [12], [15] and 
Møller et. al. [16]. With individual recording and 
reproduction there are very small errors. With non-individual 
recording and reproduction the error in median plane
increases, whereas the error in distance perception stays

constant [16]. One solution to solve this problem is to find a 
“typical” subject. In Møller et. al. [17] 20 subjects listened to
binaural recordings from the ears of 30 humans. The median 
plane errors in real life in a special localization experiment
were 15,5%, the errors with a random subject 36,3%, and 
with a "typical" subject 21,2%. The tests were performed with
individual headphone equalization. Without it there is a 
marginal increase of the error. 
The use of a non-individual set of HRTFs, by measuring a
dummy head, has been done e.g. by Gardner [18] and Minaar 
et. al. [20]. The first, so-called Kemar HRTFs [19], are public
on the internet and are widely used. The evaluation of these
HRTFs was also done by the aid of localization experiments. 
After training, the front-to-back reversals for headphone
reproduction and for all directions was 79%. Considering 
only the horizontal plane 71%, ([18], page 109). 
There are several investigations about what are the important 
parts of  the HRTFs, which part is needed for the localization
and which part is not. As an example of which kind of 
distracters can be included without destroying, e.g., the
localization, see e.g. Langendijk [22]. The magnitude of the
HRTFs shows most variability in the high frequencies above 
3kHz, but also the low frequency part is important for the
localization. Here the interaural time difference is an
important cue, see Wightman and Kistler [21].
To reduce the inter-individuality of the HRTFs, smoothing is
a possibility. This method is more known in the area of, e.g.,
loudspeaker measurement. Breebaart and Kohlrausch [23]
discussed the perceptual consequences of smoothing the
anechoic HRTF phase- and magnitude spectra. 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 the estimated
spectral resolution of the cochlea without audible artifacts.
Middlebrooks [24] examined inter-subject differences in 
HRTFs. For each pair of subjects, an optimal frequency scale
factor to align spectral features between subjects has been 
found. In [25] Middlebrooks compared these scaled HRTFs 
with the listeners’ own HRTFs and untreated ones. The
performance was clearly improved, but still the individual
scaling is necessary.
It is clear that for an evaluation of a sound field created by
HRTFs not only the localization has to be taken into account.
Already Gabrielsson [26] made a comprehensive evaluation 
about perceived sound quality. The resulting dimensions were 
interpreted as “clearness/distinctness,” “sharpness/hardness-
softness,” “brightness-darkness,” “fullness-thinness,” “feeling
of space,” “nearness,” “disturbing sounds,” and “loudness.”
Berg and Rumsey [27] describe a complex scene-based
paradigm for the description and assessment of spatial 
quality.
Huopaniemi et. al. [28] avoided this and started with the 
assumption of a “perfect” reference HRTF and made a one
scale comparison experiment. They found out, that timbre and
localization are not orthogonal measures in virtual source 
quality estimation. In general, it is clear, that for sound
quality assessment not only the sound event influences the
result, also the cognition, action and emotion of the listener
has a big influence, see Blauert und Jekosch [29].
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3. Problem Description

For most applications using HRTFs an individualization, even 
a scaling factor, is usually not possible. Also for most
applications a head tracker is not possible.
So there is still the task to find the best non-individual HRTF 
set. Because the “typical” human head found in [17], which 
seems to be the best from the literature, didn’t fulfil the 
quality requirements for an aimed application, Silzle [32]
developed  a new method to find a better set of HRTFs. 
First the quality for this kind of application was defined: 

1. There should be an excellent out of head
localization and the apparent source width should 
be as small as possible. This should hold also for
the critical frontal or center position. There should
be no front back confusion. 

2. The sound coloration or timbre should be as small 
as possible compared to the reference: the
unprocessed signal heard over headphone. 

3. The previous two points should be fulfilled with
standard sound signals produced for loudspeaker
reproduction, not only with anechoic recordings. 

4. Method 

The following method is new in the field of finding optimal
HRTFs. However it was successfully used in the development
of MPEG audio coding for the ISO standardization1, [33] (see 
[34] for the final test method). At the time of this
development the masking models were not precise enough 
and this method was the most efficient way for optimisation. 
Today monoaural masking models are improved and 
standardized and can be used for the evaluation of audio 
codecs. This method was also used in the field of developing
reverberation units [35]2.

 The procedure was as following: 
1. All selections and adjustments have to be audible in 

real-time.
2. Use one or few audio experts for this task. 
3. Confirm the selection or settings later with a broad

listening test. 
Point one makes differences between different possibilities 
very easily and clearly audible. The comparison of a big 
number of items is possible in a rather short time, compared
to a “standard” listening test, which tests normally only a
very limited number of possibilities. The real-time adjustment
makes it possible to react immediately to a new audible event
and proceed fast with the development. An expert listener
used to listen concentrated over a longer period, and who can 
much faster hear details, compared to a naive listener, can 
speed up the process dramatically. The result will also be 
much “sharper” than the average quality judgment from a
listening test. The disadvantages of such a process are:
Because it is not understood clearly why this or that setting is 
chosen, it is a “real” neural network. The question, if the 
settings are reproducible by the same or by another expert
listener, remains open. 

1 MP3 is the most popular member of this family of coding 
algorithms.

2 The development method itself is not described in both [33]
and [35].

In general, problems of this kind are solved with neural 
networks, when there is not a satisfying analytical solution. 
Only when there is a complete understanding of a problem, 
the optimal solution can be found. But also one of the local 
solution maximums is very helpful before the global one is
found. After the optimisation process, a listening test with the 
target group for the application is necessary to be sure that the
result is not an individual one. 
In [32] the author gives an example of such a process. In a
listening test the results from the optimisation of the expert
listener were tested. There were for all three parameters:
localization, sound coloration and overall quality for the
application, a statistically significant improvement possible 
with the help of the before described method. 
For every optimisation method the determination of the 
quality parameters is an important question. The main quality
parameter for HRTF investigations until now has been a 
correct localization. But dependent on the application a 
neutral sound coloration can be as important as localization, 
see [32].
Defining an audio reference makes the listener’s task easier
and sharpens the results, but it also narrows the generality of 
the result. It is also dependent on the target application if such 
a reference is given or possible. A very natural and
well-known reference for the coloration question is the
unprocessed signal. This fits to the application described in 
[32] and was used for the listening experiments.
Another important question  is concerned with the overall 
quality and how the single parameters contribute to this
overall quality. The listening test results in [32] indicates that 
for the overall quality the neutral coloration is more important
to the listeners than the localisation.

5. Some Practical Remarks 

Besides the explanation of this general method to improve 
HRTFs, the following section will give several practical
remarks, to be taken into account when HRTFs are treated.

Figure 3: Three repeated HRTF measurements on 

each other: (a) with DPA 4060, (b) with Sennheiser 

KE4. No loudspeaker equalization. 

Curve (b) is shifted by –20dB. 
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5.1. Microphone Influence

Most of the HRTFs today have been measured with the
miniature microphone Sennheiser KE4. There is a new type
of high quality miniature microphone on the market, the DPA
4060. The audio engineer will say it sounds better, but it is
difficult to point out what the difference is. One visible 
difference is the remarkable reproducibility in the high
frequency region, see Figure 3. The equivalent noise level of 
23dB(A) is important for a good signal to noise ratio of the
transfer functions. 

5.2. Filter Order

From the HRTF measurements’ raw data the optimal filter
order has to be found. For an application it should be as short 
as possible to save computational power, but on the other side 
no information should be lost. There are several possible 
approaches.

5.2.1. Minimum Phase Calculation 

A minimum phase calculation does not reduce the quality of 
the HRTFs [30] but it brings the main energy to the beginning 
of the transfer function, and for this reason opens the 
possibility to reduce the length of the head related impulse
responses (HRIRs), the time domain representation of the 
HRTFs. To calculate the minimum phase part of a real 
transfer function homomorphic filtering is necessary, a real 
cepstrum calculation, windowing, and inverse cepstrum
calculation, [39]1. With this operation, the magnitude of the 
transfer function is not changed, only the all-pass part is taken
out. The initial delay part of the HRIRs has to be removed
before this operation and added afterwards to preserve it. 

Figure 4: A original RUB-HRIR (a), the minimum 

phase version (b), and after additional smoothing.

Curve (b) is shifted by -1.5 and (c) is shifted by -3. 

1 In the second addition of this book from 1999 this chapter is 
no longer included.
This calculation is implemented in the rceps.mat function of 
MATLAB®.

5.2.2. Smoothing 

As mentioned before, smoothing with the critical bandwidth 
or one ERB  doesn’t reduce the individual quality, but it
reduces the inter-individual differences. A good
approximation to a critical bandwidth filter bank is a
logarithmic smoothing of the magnitude with the bandwidth
of 0.2 octave. For frequencies higher than 500Hz, 0.2 octave 
is a very close approximation to the critical bandwidth, [40].
As an example of the influence of the minimum phase
calculation and smoothing see the HRIRs in Figure 4 and the 
HRTFs in Figure 5. The HRIR (c) in Figure 4 can be 
shortened much easier compared to curve (a) when this is
important for an applications. 
From the author’s personal experience there is a negative
audible influence when third-octave-bands smoothing is used,
but a positive influence when the 0.2 octave smoothing is 
used , compared to the original HRTF.

Figure 5: The HRTFs of the same HRIR as in Figure

4, original (a), minimum phase version (b), and after

additional smoothing. Curve (b) is shifted by -20dB 

and (c) is shifted by -40dB. 

5.2.3. FIR Filter Order Estimation 

In this approach a rectangular window with about the length 
of the expected result is shifted along the HRIR. For every
shift the energy data of the signal is calculated. The signal
energy is normalized, which results in a curve similar to an 
accumulated probability curve. The order n of the FIR filter is
the time difference between the two points on the curve,
described by the thresholds, e  0.02 and e  0.98, see [31].
This is the part of the transfer function, holding 96% of the 
energy. It is cut out with a rectangular window. This filter 
order estimation reduces the length to an average of about 60 
samples. But a value near the maximum length of all HRIRs 
should be taken. The maximum length is around 100 samples.
Figure 6 shows a sample HRTF calculated with the optimal
window method, compared to the original one. Figure 7 
shows the same original HRTF and the result after minimum
phase calculation, 0.2 logarithmic smoothing and cutting to 
the same length of 78 samples. The result above 500 Hz is 
nearly the same. Below 500 Hz it will result in the same after
filtering with the inverse loudspeaker transfer function. 
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Figure 6: Raw HRTF with the length of 1550 samples

(dashed). HRTF after order estimation with an

optimal window, order 78 (solid), without inverse 

loudspeaker equalization.

Figure 7: Raw HRTF with the length of 1550 samples

(dashed).  HRTF after smoothing, minimum phase 

calculation and cutting to 78 samples (solid), without 

inverse loudspeaker equalization. 

5.3. Low frequency adjustment of Kemar HRTFs 

Because the Kemar HRTFs are freely available, they have 
been used several times in investigations. In the following is 
described an important improvement for these HRTFs. The
inverse of the loudspeaker transfer function, which is also 
provided in [19] (optiinvmin), does not make a complete 
correction for the low frequencies (see curve (a) in Figure 9). 
This may be because the reference microphone used, is of 
cardioid type and not low frequency corrected or the
calculation of the inverse loudspeaker transfer function was 
limited to a maximum of 20dB, like the default setting in the 
provided script. The filter shown in Figure 8 corrects this, see 
curve (b) in Figure 9. The Kemar low frequency correction 
filter is built from three low shelf filters.1

1 A MATLAB file with the a and b coefficients is available 
from the author. 

The listening test results for Kemar HRTFs published in [32]
have been made with this correction.

Figure 8: Low frequency correction filter for the 

Kemar HRTFs 

Figure 9: Kemar HRTF (azimuth 00 and elevation 00)

(a) and the with the low frequency correction curve 

from Figure 8 corrected version (b).

5.4. Surface plot

When a whole HRTF-set is used for example in a virtual 
reality simulation, the ordering and the time alignment of the
set should be checked. This can be  done with a surface plot.
The surface plot is a 3D plot, showing all HRIRs beside each
other, looking in a top view to them.
Figure 10 shows as an example, one HRIR-set from the
AUDIS-CD, [36] and [37]. Plotted is the whole set of 190 
HRIRs from all directions. The first half arc shows the arrival
time of all HRIRs with the elevation zero. The second half arc 
for the next elevation and so on.  The arrival time of the 
different elevations (different half arcs) are not equal, the tip
of the arcs are not in an horizontal line (difference of about 27 
samples or 21cm). The reason could be that the ears were not 
exactly in the center of the circle of the loudspeakers or the 
circle of the loudspeakers is not a circle but may be an ellipse.
Nevertheless this could be corrected by introducing some 
extra samples to the different elevations.
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It is not mentioned in the documentation of the AUDIS-CD,
that the headphone transfer functions, which are provided, 
have to be inverted, before using them for equalization. 

Figure 10: Surface plot of a whole set (190) of head

related impulse responses (HRIR). Left part of the plot

are the left ear HRIRs, right part are from the right 

ear. Every half arc shows all azimuth HRIRs for one

elevation.

6. Steps to get HRTFs 

The following steps sum up the results from the previous 
sections with the goal to achieve the best possible HRTFs.
1. The best possible recording technique for a HRTF on a 

human with least individual differences is a 
measurement with a blocked ear canal, 5mm inside the
entrance to the ear canal.

2. The best signal to noise ratio should be achieved to get
the listener not distracted by any uncorrelated noise, 
which may be localized in head. 

3. Especially for the low frequencies a pre-emphasizing of 
the loudspeaker signals helps more than averaging to
increase the SNR for the relative small loudspeakers, 
that are used for the measurements in the anechoic 
chamber, [38].

4. The HRTFs have to be corrected with the help of the
inverse loudspeaker transfer function. The adjustment 
for low frequency and dc to get a nearly dc free transfer 
function is important for the localization.

5. The selection of a “typical” HRTF set from a big number
of subjects improves clearly the result. This can be done 
individually for every direction. This process can be
dramatically accelerated with the help of one or few 
expert listeners. 

6. A minimum phase calculation helps to reduce the lengths 
of the HRIRs. 

7. A smoothing with the critical bandwidth reduces the 
inter-individual differences without reducing the quality.

8. Careful equalization with a parametric equalizer reduces 
the coloration and can sharpen the localisation.

The signal processing is summarized in Figure 11. 

Remove dc

Minimum phase calculation of the
HRTFs, the PTFs and the LTFs

Invert the LTFs and PTFs
Control the inversion visual or with an algorithm to avoid
errors at the low or high frequency end.

Convolve the HRTF with the inverse loudspeaker transfer
function

Convolve the HRTF with the inverse headphone transfer function

Equalize every direction to optimise sound coloration

Smoothing of all transfer functions
Optimal window method to
define the filter order.

Cutting

Reduce the HRTFs to the final length

Make a diffuse field equalisation

Adjust low frequency if necessary

Equalization
True False

Figure 11: Signal processing steps 

The selection and tuning method is summarized in Figure 12 

All selections and adjustments have to be audible in real time.

Use one or few expert listeners for this task.

Confirm the selection or settings later with a broad listening test.

Figure 12: Selection and tuning method 

7. Summary

A new method for fast finding of good non-individual HRTFs
was described. With the help of one or few expert listeners 
the selection and adjustments to the HRTFs are done with 
real-time controlling. Several practical remarks, like the
microphone influence, low frequency adjustments and several 
possibilities about the post processing were given. It is 
important to stress that the whole chain from the recording to
the post processing, to the selection, and to the final tuning is 
important to solve the difficult task of getting excellent non-
individual HRTFs.
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