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ABSTRACT

A headphone-based auralization system which relies on real-measured data for the acoustical
display of surround sound control rooms has been developed. It includes the dynamic
convolution of stored binaural room impulse responses, controlled by a head-tracker. This
contribution reports on basic design aspects of the system. In particular, the relative
importance and parametrization of individual HRTF features for the control of the elevation of
frontal sound sources has been reconsidered under dynamic conditions. A number of
applications are suggested, for example the virtual surround listening room, or a new tool for
basic research.

1 Introduction and Overview

Virtual reality systems have been subject of numerous industrial and research activities during
the last years. For the three-dimensional display of acoustical events over headphones so-
called model-based systems were preferred. Depending on the amount of available processing
power, more or less complex models of the acoustical environments were employed. They
contained a limited number of simulated discrete room reflections, and sets of head related
transfer functions (HRTFs), in order to ensure that the apparent directions of the acoustical
sources were reproduced properly. Although these model-based systems were able to deliver a
rather convincing illusion of a three-dimensional space, to produce an authentic image of an
existing room was not within reach. The specific goal of our work, however, was to offer the
professional sound engineer a listening experience through headphones, comparable with his
familiar studio environment. A nearly perfect simulation was asked for.
A number of preliminary experiments were carried out at the Institut für Rundfunktechnik
(IRT) in Munich, in order to investigate the importance of so-called „dynamic cues“. Most
important are small, in general unconsciously conducted head movements of a person that
help to recognize the direction of a sound event in a real environment. Results of these
experiments are presented in section 2 of this paper. They clearly confirm that a virtual reality
system will not achieve the expected performance, if it does not support these dynamic cues.
In section 3 the results of additional studies are reported, that address the optimization of
some major design parameters of a technical realization. In particular, these are the total
latency time of the system, and the fidelity at which spectral features should be reproduced,
especially regarding the question whether individual HRTFs are required or not.
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The measurement set-up consisted of a motor-driven dummy-head, controlled by the head
movements of a person through a head-tracker, being located in a different room. The same
set-up was used for the compilation of the room data base. At defined lateral displacement
angles (e.g. –90°..+90° in 5° steps) long binaural room impulse response pairs (e.g. 300 msec)
were measured by means of an MLS-based technique and stored in a PC. In such a way, the
characteristics of a studio room including the loudspeakers could be captured at the optimum
listening point. A convolution processor was developed that uses exactly these data bases. A
collection of pre-measured rooms to be chosen from could thereby be auralized, applying any
multichannel source material (maximum 5 independent channels). The system was named
„BRS processor“ (Binaural Room Scanning). The achieved fidelity and authenticity are
mainly due to the fact, that the BRS system implies a dynamic adaptation of the displayed
room, driven by the rotational movement of the listeners head. Novel interpolation algorithms
were developed, that allow smooth transitions between the different binaural filters.
In section 4.1 the implementation is described in more detail. In section 4.2, preliminary
studies and a first test implementation of a cross talk cancellation circuit are described, which
can be inserted as an option for the reproduction via a pair of near field monitors instead of
headphones. Finally, section 4.3 reports on studies concerning elevation cues, the ability of
human beings to discriminate the apparent height of a sound source. It concludes with the
finding that also the vertical displacement of the listener should be head-tracked and the sound
field dynamically adapted, in order to preserve these cues.

2 Experimental Evaluation of Dynamic Binaural Reproduction

In the next two chapters a brief survey of some experiments carried out at the Institut für
Rundfunktechnik will be given, concerning the localization performance and influences of the
system’s total latency time.

2.1 Importance of head movements

It is a well-known fact and an everyday experience that head movements aid in sound
localization. Already small movements are sufficient to eliminate ambiguities of a sound
source position, e.g. a front-back inversion. But it is not yet clear and fully understood to what
extent head movements contribute to a better sound localization. A set of new experiments has
therefore been conducted at the IRT in Munich, the results of which are reported here.

If the location of a sound source is not unambiguously encoded by head-related monaural or
binaural cues, head movements will evoke changes of the ear signals, such that a better or
unambiguous localization results. The movement of the head leads to a different sound source
position relative to the head’s orientation, and hence results in different interaural time- and
level differences, that is altered spectra of the ear signals induced by the HRTFs.

That head rotations are used to resolve front-back-confusions has been already stated by Van
Soest in 1929 [2]. About twenty years later Wallach et al. investigated the influence of head
movements as well as of vestibular and visual cues [3]. That mainly head rotations or
combinations of pivoting or tipping movements are used to localize a sound was the result of
experiments conducted by Thurlow, Runge and Mangels in the late sixties [4, 5]. They
examined the head movements of subjects, to whom sound stimuli from different directions
were offered by loudspeakers.
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2.2 Localization experiments

Those dynamic localization cues are not available when listening to “normal” binaural signals
recorded with an ordinary (i.e. fixed) dummy-head [6]. Hence psychoacoustic phenomena,
like in-head-localization or front-back-inversions are more likely to occur. However, if the ear
signals are changed in accordance with the head movements by using a head-tracking system,
in combination with either a system providing dynamic HRTFs [7], or a rotatable dummy-
head [1], these ambiguities vanish almost completely [3, 8].

In the following localization experiments the impact of head rotations on the sound
localization in the horizontal plane was examined, using a dummy-head in a typical surround
sound listening situation with loudspeakers according to ITU-Rec. BS.775 (3/4 stereo format)
(Fig. 1). The acoustics of the listening room, called “studio”, was optimized according to the
EBU Tech 3276 standard.
A further test was carried out with the same dummy-head and loudspeaker configuration, but
in an anechoic chamber, labled as “AR ” ( Anechoic Room) in the following, to investigate
localization performance in the absence of reflections and reverberation.

In order to avoid errors that may occur in the transmission path between dummy-head and
headphones, not only an accurate head-tracking system, like the Polhemus FasTrak, together
with a fine spatial resolution of HRTFs was needed [9, 10], but also optimal equalization
techniques had to be utilized as well. As recommended by Theile [11], both a diffuse-field
equalized dummy-head (KU 100 by NEUMANN) and headphones (SR-Lambda Professional by
STAX, according to ITU-Rec. BS 708), respectively, were applied [12].
A step motor system, as described in [13], with an angular resolution of 1° (deg.) was used to
turn the dummy-head driven by the head-tracked listeners movements (Fig. 2). The total
latency time of the complete system, consisting of the dummy-head, the computerized motor
system, and the head-tracker was well below noticeable limits, as will be shown in section 3.1.

After a short training session, the subjects were asked to determine the apparent position of a
given sound, a short male speech signal (EBU SQAM, track 50), reproduced by one or two
loudspeakers. Phantom sources were created by weighting the volume of two adjacent
loudspeakers at the ratios 2:1, 1:1 or 1:2, respectively. A total of 30 locations were presented.
17 persons took part in each of the listening tests.
In the first of three sessions the sound was presented through headphones without activating
the head-tracking, i.e. the dummy was held still. The second session was held with a head-
tracked dummy-head, and finally in the third session, the dummy-head in the surround sound
listening situation was replaced by the subjects themselves.

2.3 Results

At first, the results of the experiments in the studio, i.e. in a natural acoustical environment,
will be considered. These are presented in the figures 3–5, where the x-axis denotes the
presented azimuthal angle and, accordingly, the y-axis the perceived azimuthal angle. In an
ideal case, where the perceived position of the sound source is identical with the presented
position, a diagonal line through the origin would result. Bold vertical lines mark the position
of the loudspeakers. Emphasized phantom source azimuths like center-front and center-back
are characterized by a vertical bold dashed line.
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With the dummy-head remained fix, a lot of expected front-back-inversions can be observed,
especially in the range 330° - 0° and 0° - 30°, i.e. between the frontal loudspeakers leftfront and
rightfront. The spreading is fairly big, and hence good localization with a fixed dummy-head is
not possible (Fig. 3).
But in contrast to the static dummy-head, these uncertainties and ambiguities vanish almost
completely, if head-tracking is enabled (Fig. 4). The spread from the ideal diagonal line is
fairly small. The measured localization accuracy was comparable to free-field measurements
in this dynamic setup.
Even in the “best case”, i.e. when the subjects themselves are sitting on the dummy-head’s
position in the sweet spot, the localization performance differs not greatly from the formerly
discussed session results (Fig. 5). This seems to be astonishing, because the HRTFs of the
dummy-head and the subjects are clearly not identical, that is no individualized HRTFs are
used. Therefore, speaking in terms of localization accuracy within the horizontal plane,
listening over a head-tracked dummy-head yields the same results as if the subject sits at the
dummy-head’s position itself.

In contrast to a free-field situation of an AR, a studio environment offers additional cues for
perceiving direction. Reflections from walls, floors etc. help to localize sounds.
As can be seen clearly in the case of the fixed dummy-head, even a stronger bias to front-
back-inversions is given compared to the corresponding listening test carried out in the studio
(Fig. 6). Large spreadings can be observed, again in the region between the frontal left and
frontal right loudspeakers (330° - 0° and 0° - 30°). And, as expected, the fixed dummy-head
again does not enable a good localization.
Likewise, as with the corresponding studio-test one gets totally different results as soon as
head-tracking is activated (Fig. 7). But sparsely there appear some front-back-inversions. The
deviations from the ideal line are slightly larger. Nevertheless, a fairly good localization is
possible, if a head-tracking system is used together with the rotatable dummy-head.

Finally the listening with “one’s own ears”, when the subject itself sits at the dummy-head’s
place, produces practically the same localization precision in the AR as in the studio, as
depicted in Fig. 8. Compared to the head-tracked dummy-head (Fig. 7) the localization is
slightly improved.

2.4 Summary

In contrast to the case of a fixed dummy-head, where front-back-inversions as well as in-head-
localization occur frequently, the head-tracking mechanism enables a localization
performance that is comparable to normal hearing.
Only under extreme acoustical conditions, e.g. an anechoic chamber, the localization with
“one’s own ears” is slightly better than the virtual one using a head-tracked dummy-head.
However, sound coloring could be a side effect of not using individual HRTFs, which was not
tested here.
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3 System Design Considerations

The results of two experiments will be presented, both concerning deficient reproduction of
binaural localization cues: the influence of the system’s total latency time, and the lack of
spectral localization cues.

3.1  Latency

In practical auralization systems, design compromises have to be taken on optimal rendering
and efficient usage of the available resources, e.g. processing power. Optimal rendering
implies frequent updates of the calculated position, convolved HRTFs and the resulting ear
signal spectra. The lower the update rate of such consecutive calculated sound source
positions and HRTF convolutions can be, the more accurate the results will become, using
longer and more complex filters.
A perceptible latency time of an auralization system with head-tracking results in a short
temporary, unwanted lateral displacement of the auditory event’s position, when fast head
movements occur while stationary sound sources are presented via headphones (Fig. 9).

Listening tests (latency)
The aim of the listening test was to find out the system’s maximum latency time, i.e. the
latency time that will still not be perceived by the listener [13]. The system, consisting of the
head-tracker with an update rate of 120 Hz (i.e. every 8.333 ms a new sample), the PC with
serial interfaces and data conversion, and the motor system for the dummy-head, had a basic
latency time of 50 ms. Prior experiments suggested that latency time being probably small
enough not to evoke any audible artifacts [7, 9].

A variable extra delay could be added to the basic latency time to increase the system’s total
latency time. While executing small rotational head movements to hear the displacement more
easily, the subjects were asked to indicate whether they could hear a difference or not,
allowing them to switch between two, the basic and another latency time. The “variable”
latency time was chosen from the following possible values (in ms): 50, 58, 67, 75, 83, 92,
100, 108, 117, 125 ,133, 142 and 150. A total of 17 persons participated in this listening test.

From previous experiments, where different (recorded) test signals, like music, speech or solo
instruments were used, the most critical stimulus were impulse-like castagnettes (EBU
SQUAM track 27), presented to the dummy-head in a distance of about 2.5 m through a single
loudspeaker.

Results
Only two possible answers were allowed: “1” denoted a perceptible difference and “0” the
opposite. The initial assumption that 50 ms, equal to the basic latency time of the system, is
not perceptible, could be confirmed. The diagram in Fig. 10 shows that all latency times
smaller than 85 ms are not recognizable by the listeners (compare [9]).

3.2  Importance of individual binaural cues (the KFM experiment)

In the experiments discussed in section 2 the localization performance with head-tracking and
the dummy-head’s HRTFs was good and quite comparable to the one with individual HRTFs,
i.e. natural hearing. That raises the question of what would happen, if an idealized head, i.e. a
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simple sphere, would be used, where most of the spectral cues of normal HRTFs are absent,
particularly the pinna cues [13].

Listening tests (KFM)
A sphere microphone, the SCHOEPS KFM 6 [14], was used instead of the dummy-head and
mounted on the motor system to enable head-tracking.
Again 14 subjects were asked to localize the same sound sources (real and phantom sources)
as in the previous experiments with the dummy-head, either without and with head-tracking.
In addition to the above experiments, the subjects were asked to indicate the apparent
elevation of the sound sources.

Results
Like in the case of the dummy-head experiments without head-tracking, an even poorer
localization performance is the result of the static KFM (Fig. 11). A strong tendency to front-
back-inversions can be seen.
Definitely unexpected was the fact, that with head-tracking the results likewise resemble those
of the dummy-head (Fig. 12). Merely a slightly larger scattering can be observed, together
with only a few strong deviations.
That indicates how important dynamic cues in binaural localization are. Even if spectral cues
are absent that are considered important in the static case, sound source localization in the
horizontal plane is still possible without front/ back reversals.
However, an elevation of the sound sources can be observed, which has not been perceived in
the case before (Fig. 13 and 14). Especially when the fixed KFM was used, this effect is
particularly pronounced in the frontal region between the loudspeakers frontleft and frontright.

This could be explained by the definitive lack of high frequency spectral cues and hence
specific frequency bands (Directional bands, [2]).

4 Implementation of a Data-based System

4.1  Block Processing and Interpolation

A brief overview over the realized system has already been given in [17]. Here we explain the
algorithm in some more detail and give benchmark data, so that our implementation can easily
be compared to other existing systems [3, 8-10]. Fig. 15 shows the simplified block diagram
of the processing path of one channel. In order to achieve a low latency time, only short
partitions of the whole blocks of data and coefficients, respectively, are transformed into the
frequency domain. If, for example, room-impulse responses of a total length of 4K (80msec)
are to be processed, e.g. n=32 partitions of N=128 samples may be chosen. The input data
blocks are stored in a ring buffer. The filtering process implies the sum of n spectra, which are
computed by N complex multiplications, respectively. It can be described by a multiply-
accumulate operator, here in the frequency instead of the time domain, as indicated in Fig. 15.
A similar algorithm has been proposed by Reijnen for a comparable application [21]. In case
of N=128, a latency of  5.3 msec results.
The room database consists of a set of binaural room impulse responses measured at (-45 ..
45)° azimuthal angles, in 5° steps. During initialization, corresponding spectra are computed
and stored in fast SRAMs. According to the actual head angle which is given by the head
tracker, an intermediate spectrum is computed in real-time by an interpolator. This occurs
during each block processing interval of 2.7msec length. The interpolation is accomplished in
the frequency domain, using real and imaginary parts, respectively. Because adjacent spectra
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correspond in general to impulse responses that are time-shifted with respect to each other, a
simple interpolation of magnitude and phase is not applicable, particularly due to the resulting
notches which slightly differ in frequency. The total update rate depends on the actually used
head-tracker model. In case of the Polhemus Fastrak it is about 20msec, considering the
asynchronous communication paths between head-tracker, microcontroller and DSP.
The very high reproduction fidelity of the described system is mainly due to the fact, that the
whole room impulse response is dynamically updated, and interpolated without audible
artifacts.

4.2  Cross Talk Cancellation

When loudspeakers instead of headphones are chosen for the rendering of binaural signals, a
subsequent cross talk cancellation circuit is required. This option has been integrated into our
system as well and will be presented in the current section.
The function of this scheme has been extensively discussed in the literature. An overview can
be found in [15]. In short words, a cross talk canceller contains a set of linear filters that
perform an inversion of the 2x2 transfer matrix from the two loudspeaker to the ear signals.
The transfer functions depend strongly on the position of the listener, hence a dynamic
adaptation, controlled by a head-tracker, must be applied as well. The overall scheme is drawn
in Fig. 16. Fig. 17 shows our preferred circuit in detail. It has been introduced by Schroeder
already in 1963 (see [15]). The underlying mathematics is quite simple and will not be
repeated here. We refer to an earlier paper of one of the authors [18]. This particular circuit
offers the advantage that it is composed of a set of subfilters, the functions of which can
clearly be interpreted in physical terms, and therefore be optimized easily. Frequencies below
about 200 Hz are split off prior to the cancellation and reproduced by a separate subwoofer.
This simplifies the filter designs considerably, because the cancellation would become
difficult to achieve at low frequencies, due to the diminishing shadowing effect of the head.
We will now look at the three filter pairs that are shown in Fig. 17 by means of some typical
examples. In general, all the filters depend on the position and the head-tracking. In the
following, we restrict ourselves to one channel.

Fig. 18 shows the first transfer function, the inverse of the non-shadowed part of the binaural
pair 1/Hd, as taken from the KEMAR database [16]. It has been computed directly by
inverting the corresponding HRTF spectra. Obviously, the functions depend strongly on the
chosen equalization method. Moreover, the data still contains ear canal resonances that cannot
be removed in a straightforward way [15,16]. Since the aim is to generate the correct binaural
signals at the ear canal entrance, it would be preferable to use datasets that were derived from
measurements with a blocked ear canal (compare [23]). The evaluation of exact measurement
and equalization methods is currently under investigation. So far, we omitted this filter
completely, which introduces some amount of coloration and reduced ability to localize rear
sound sources.

The filter Hc (Fig. 17 and 19) is equal to 1/(1-Hx
2), where Hx=HI/HD denotes the quotient of

the indirect (contralateral) and the direct (ipsilateral) HRTF, the so-called interaural transfer
function (ITF) [15, 18]. The ITF is more robust with respect to the measurement method,
because components that cause identical deviations at both ears (loudspeakers, microphones,
position of the microphones etc.) are cancelled out. Fig. 20 illustrates, that quite similar
magnitude functions can be measured, comparing individual ITFs (from one of the authors) at
30° azimuth with the KEMAR. Essentially, the magnitude of Hc =1/(1-Hx

2) should converge
to one at high frequencies due to the lowpass nature of the ITF. This is indeed the case, except
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of a number of sharp peaks and dips (Fig. 19). At low frequencies the filters exhibit a bass
boost, in order to compensate for the loss of the cancellation circuit, because low frequencies
are fed to the opposite channel with reversed sign. In our case, however, a subwoofer is
inserted prior to the crosstalk processing. Hence this kind of equalization seems no more
necessary. As before, we decided to drop the filter Hc in a first test implementation, without
seriously impairing the function of the circuit.

What remains, is a first order cross talk canceller, characterized by a set of ITFs Hx. In our
implementation, blocks of data of length N=128 are processed in the frequency domain.
Hence, FIR filters of the same length could be included easily. Fig. 21 shows a 128-tap
approximation. At frequencies above 6 kHz, a spline function replaces the original magnitude
function, with an arbitrarily chosen linear phase characteristic that corresponds to the mean
group delay in a distinct frequency interval (Fig. 22). Fig. 23 indicates that the resulting 128-
tap impulse response is well converging. Finally, the complete set of ITFs is depicted in Fig.
24. These functions will be selected and interpolated according to the positioning information
of the head tracker.

Conclusion and Future Work
We have shown that it is advantageous to take a closer look at the underlying frequency
responses, rather than simply searching for methods to invert the basic transfer matrix [19,
20]. Two types of filters could be identified that are essential for the function of the circuit:
the interaural transfer function (ITF), by means of which the cross talk cancellation process is
carried out physically. Secondly, filters that are, in the symmetric case, identical in both
channels, and therefore perform a monaural equalization. They will be optimized and
evaluated separately, e.g. by using the same dummy-head (Neumann KU100) like in our
previous investigation.  

4.3  Elevation Cues

In subjective listening tests, some of the test persons felt that the frontal sound sources
appeared more or less elevated. The explanation that can be found most frequently in the
psychoacoustic literature is concerned with the fact that their head differs from the dummy-
head which was used for the room measurements. In particular, the pinna with its exact shape
is considered responsible to deliver important monaural spectral cues [2,22].
Consequently, we first pursued the goal to design an equalizer that was intended to be
individually adjustable, in order to compensate for deviations in the high frequency region,
and therewith eliminate the elevation effect. Appropriate transfer functions can be derived
from the measured HRTF set, as shown in Fig. 25 and 26. Again, quotients of HRTFs were
calculated, in order to eliminate influences of the measurement set-up and ear canal
resonances, and to obtain filters that may be used for the equalization of given HRTFs. In both
figures, the HRTF at 0° azimuth and 30° elevation was used for the normalization. In the
above Fig. 25, a notch with varying amplitude (-5..-15) dB and frequency (8..9.5) kHz can be
identified that seems to be responsible for the localization in the upper hemisphere. In Fig. 26,
this notch remains fixed, while another notch at around 11 kHz with varying amplitude
appears, displaying another cue for the lower hemisphere (compare e.g. [2, 15, 22]).
The described filters were implemented in our processor as 128-tap FIR filters, using the same
approximation design procedure as described in section 4.2. The output of the binaural
renderer (Fig. 16) was spectrally modified, equally in both channels. The results were rather
disappointing. Depending on the program material, a slight change in height was indeed
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observed. But in general, especially in the case of voice signals, the elevation essentially
remained. Only a (sometimes annoying) change in timbre occured. On the other hand, it is
obvious that many sound sources, like male speech, exhibit only small or no spectral content
in the region above 8 kHz, hence the identified cues are not addressed at all by those signals.
We will cite two references in this context. Moller et al. found in psychoacoustic experiments
no clear evidence for the statement that non-individualized HRTFs cause elevation effects in
general [23]. Wightman and Kistler confirmed in a recent research report [24], while
conducting localization experiments using noise signals with „scrambled“ spectra, that
monaural cues are indeed important. But they mentioned that „it is unreasonable to postulate
that listeners know the spectra of all potential sounds“. This gives rise to a considerable
amount of „spectral uncertainty“ in everyday listening, indicating that other cues must be
present. A further experiment reported in [24] led to the statement that vertical localization is
only moderately degraded by listening which has been restricted to monaural cues (one ear
blocked), whereas it is effectively eliminated while listening to a static virtual source. This led
to the assumption that dynamic cues, obtained by small head movements, are very essential
for up/ down localization as well. Also frequently discussed, but not proven up to now is the
fact that, in general, the two ears of a subject are not symmetric with respect to the median
plane, and therefore interaural differences exist even in the median plane, which might assist
the process of localization as well.

As a consequence, we are currently implementing these features in our processor, applying the
same methods as described in section 4.1 (measuring and storing complete room impulse
response sets at different elevation angles, selecting and interpolating the spectra according to
the head-tracker positional data in the processor).

5 Discussion and Applications

It has been shown by a number of comparative listening tests, conducted at the Institut fuer
Rundfunktechnik in Munich (IRT), that dynamic cues play a major role for human sound
localization, underestimated so far in the literature. As a consequence, any virtual-reality
system that claims high quality of the presented auditory display should support these cues,
i.e. provide an adaptation of the rendered scene according to the listeners movements. A
processor has been developed, which is able to deliver the illusion of an exact reproduction of
an existing acoustical environment, with a limited number of fixed sound sources, over
headphones or near-field loudspeakers. The positions of the virtual sound sources, their
apparent distance and their tonal balance are reproduced with maximum fidelity, even though
non-individual head-related transfer functions (a dummy-head) are employed.
The ability of the system to exactly reproduce acoustical situations indicates the following
applications:
• The opportunity for a sound engineer to bring along, e.g. into a broadcasting van, a high

quality listening room as well as his familiar loudspeakers
• To switch over and compare different listening situations that are stored in the database,

e.g. a professional sound studio, film sound in a big cinema environment, reproduction
equipment at a consumers home etc.

• To compare different loudspeakers and –stereo formats, like new surround-sound
standards

• To allow music production under standardized conditions, e.g. a reference listening room
with idealized loudspeakers which has been generated synthetically
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FIGURES

Fig. 1: Surround sound listening situation (according to ITU-Rec. BS.775)
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Fig.2: Motor system with mounted dummy-head, including serial interface
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Fig. 3: Localization using a fixed dummy-head without head-tracking in the studio
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Fig. 4: Localization using a dummy-head with head-tracking in the studio
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Fig. 5: Localization, subjects hearing with their “own ears” in the studio
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Fig. 6: Localization using a fixed dummy-head without head-tracking in the AR
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Fig. 7: Localization using a dummy-head with head-tracking in the AR



15

-30

0

30

60

90

120

150

180

210

240

270

300

330

360

0 30 60 90 120 150 180 210 240 270 300 330 360

presented  azimuth

pe
rc

ei
ve

d
 a

zi
m

ut
h

C R RS1 RS2 LS2 - RS2 LS2 LS1 L-RL

Fig. 8: Localization, subjects hearing with their “own ears” in the AR

Fig. 9: Latency time and it’s acoustical “consequences”
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Fig. 10: Perceivable difference depending on latency time
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Fig. 11: Localization using a sphere microphone without head-tracking in the studio
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Fig. 12: Localization using a sphere microphone with head-tracking in the studio



17

-90

-80

-70

-60

-50

-40

-30

-20

-10

0

10

20

30

40

50

60

70

80

90

0 30 60 90 120 150 180 210 240 270 300 330 360

azimuth

el
ev

at
io

n 
(0

° 
= 

ea
r l

ev
el

)

C R RS1 RS2 LS2 LS1 LL L-RLS2 - RS2

Fig. 13: Elevation using a sphere microphone without head-tracking in the studio
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Fig. 14: Elevation using a sphere microphone with head-tracking in the studio
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Fig. 15: Practical Implementation of dynamic binaural rendering

Fig. 16: Scheme with separately head-tracked binaural renderer and crosstalk canceller
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Fig. 17: Cross talk canceller with subwoofer branch

Fig.18: Transfer Function 1/Hd at 30°  Azimuth (see Fig. 17) for  1: free field equalized
KEMAR HRTF with respect to „no head present“ („compact data“)  2:  diffuse field equalized

version
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Fig. 19: Transfer Function Hc (according to Fig. 17) at the azimuth angles  1:  15°  2:  30°  3:
45°  4:  60°

Fig. 20: Interaural Transfer Functions Hx at 30° Azimuth. 1: Indiv. HRTF, left ear  2: Indiv.
HRTF, right ear  3: KEMAR
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Fig. 21: Interaural Transfer Function Hx at 30° Azimuth, approximated by a 128Tap- FIR
filter

Fig. 22: Group delay of the approximated filter of Fig. 21
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Fig. 23: Impulse Response of the filter of Fig. 21

Fig. 24: Interaural Transfer Functions Hx at 5°...60° Azimuth angles, in 5° steps
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Fig. 25: KEMAR HRTFs at 0° Azimuth and 20°/ 10°/ 0° Elevation, normalized to 30°
Elevation

Fig. 26: KEMAR HRTFs at 0° Azimuth and -10°/ -20°/ -30° Elevation, normalized to 30°
Elevation


