
ACUSTICA · acta acustica
Vol. 88 (2002) Markus Fruhmann: Reduction of Dynamic Cues in Auralized Binaural Signals443

Reduction of Dynamic Cues in Auralized
Binaural Signals
Markus Fruhmann∗, Philip Mackensen§, Günther Theile
Institut für Rundfunktechnik GmbH (IRT), Floriansm̈uhlstr. 60, D-
80939 M̈unchen, Germany

PACS no. 43.66.Pn,43.66.Qp,43.66.Md

1. Introduction

Two ways of auralizing virtual or real listening environments via
headphones are commonly in use: Model based and data based sys-
tems. The first group uses a more or less complex model to repro-
duce the acoustical specifications of a room. With higher complexity
of the model used, the quality of the results rises, but the processing
power needed increases rapidly. In contrast, a data based system will
store either “pre-synthesized” impulse responses or measured data
of real existing rooms. The ear signals are produced in the same way
in both systems, namely a convolution of an impulse response with
the incoming audio signal.
Experiments by Mackensen [1], Thurlow and Runge [2], Thurlow et
al. [3] and Wallach [4] showed the importance of head rotations in
the horizontal plane for accurate localization. To take these results
into account, the convolution in an auralization system needs to be
calculated in dependence of the actual head orientation. By doing so,
front-back reversals and inside-the-head locatedness as described by
Blauert [5] can be widely avoided. In dummy head recordings or
static auralization systems these time variant interaural differences
(ILDs and ITDs) are absent as dynamic cues in the binaural signal.
The convolution with impulse responses is memory and processing
power intense. For each relevant head position and orientation the
related transfer functions need to be stored when using a databased
auralization system. Thus it would be useful to reduce the stored
data to a minimum required set.
The aim of the present study was to investigate the dependence of
auralization quality on dynamic cues in the binaural impulse re-
sponses. Thus the impulse response for a certain head orientation
was simplified and audible changes in sound characteristics due to
these changes were investigated. The simplification consisted of a
crossfade from the orientation dependent impulse response to the
impulse response for zero degrees head orientation after a certain
time tdyn. By means of this simplification, the impulse response is
separated into a dynamic and a static part as shown in Figure 1.

2. Measurements

For the experiments, a studio listening room at the Bavaria Film
Studios, Munich, was selected. The base dimensions were 11 by
15 meters and with a height of 6 meters the volume of the room was
990m3. The reverberation time has been determined toTR=300 ms
at frequencies around 500 Hz. This is substantially longer than the
stored impulse response length of 85 ms implemented in the aural-
ization system which was used in these experiments. Thus the au-
ralization of the room can only be an approximation of the original
room acoustics. Looking at the measured impulse response, the am-
plitude has declined more than 30 dB below the maximum after the
measured time of 85 ms. Thus a difference to the real listening sit-
uation should only be perceived with extremely critical signals like
clicks. With continuous signals, no problems should occur due to
post-masking effects.
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Figure 1. Impulse response of the used studio listening room, mea-
sured with the dummy head, for frontal sound incidence with the
center speaker as the sound source. Convolution depends on head
orientation up totdyn and afterwards the impulse response is faded
to a static part. The value oftdyn is varied in the experiment to find
a threshold for audible artefacts due to reduced dynamic cues
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Figure 2. Sketch of the measured studio listening room

The loudspeaker setup as shown in Fig. 2 did not fit the needs de-
scribed in [6] as the speaker setup in this room was intended to con-
form with a real cinema. The measured listening position was about
8 meters from the front speakers and equidistant to the side walls.
The impulse responses were measured for each speaker separately
with a diffuse field equalized dummy head (Neumann KU100) con-
nected to an Audio Precision System ONE. For each speaker and
dummy head position, the binaural impulse response was measured
using an MLS (Maximum Length Sequence) procedure. The im-
pulse responses used in the experiments started at a threshold of
40 dB below the measured maximum and had an overall duration of
85 ms. For each speaker 15 impulse responses for dummy head ori-
entations of -42 to +42 degrees azimuth relative to the front direction
were measured with a horizontal resolution of 6 degrees. No eleva-
tion data was included as the measurements were only conducted
within the horizontal plane. During the measurements, the dummy
head was mounted on a motor which was controlled by a host system
(Personal Computer) connected to the System ONE and the motor.

3. Psychoacoustic experiments

3.1. Stimuli

The intention of the experiment was to detect changes in the per-
ceived room characteristics using simplified transfer functions. Thus
no reverberation should be included in the stimulus used as in-
put signal for the auralization process. A signal meeting these re-
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quirements is track 49 of the EBU SQAM CD ([7], “to administer
medicine to animals. . . ”), which is a dry recording of female speech.
The impulse responses stored in the auralization system were mod-
ified so that the part used for dynamic convolution had a length of
tdyn. The length of this dynamic part was varied within a range from
7 to 43 ms in steps of 4 ms and thus 10 different listening situations
were realized.
The impulse responses were modified in a way that a cross-fade to
the impulse response for a frontal head orientation (zero degrees)
was calculated for each speaker. The time windows for this calcu-
lation had a length of 1.3 ms which, with a sampling frequency of
48 kHz, results to a length of 64 samples. The cross-fade part of the
signal is calculated as follows:

IRmod(n, α) =

CR(n) · IR(n, α) + (1− CR(n)) · IR(n, 0),

whereIRmod(n, α) is the modified impulse response for a certain
azimuth angleα, CR is the following cosine ramp

CR(n) = cos2(
n · π
2 · 64

), n = [1 . . . 64]

with a length of 64 samples andIR(n, α) is the original impulse
response for an azimuth angle ofα.
For the experiments only one front speaker (center) and one sur-
round speaker (left-surround) were chosen. For each of the two
speakers, separate experiments were conducted.

3.2. Auralization tool

The test signals were presented by means of a Studer BRS (Bin-
aural Room Scanning) system ([8, 9]). This system is a data based
auralization system with head tracking which is able to reproduce
an existing studio listening situation.
To achieve this, a real listening situation is acoustically “scanned”
as described in section 2 with a dummy head. The measured data
is stored within the processor. For sound reproduction, a STAX
Lambda Pro with a Polhemus Fastrak head tracker sensor mounted
on top is used. When listening to signals using the BRS system the
impulse responses, corresponding to the actual head orientation, are
selected for convolution. These responses are interpolated from the
measured data with a resolution of 0.5 degrees. This is a higher res-
olution than claimed by Mills [10] who found a minimum audible
angle of 1 degree. Thus the interpolation accuracy should result in a
proper room auralization.
As described in [8], the interpolation is computed in the frequency
domain within each processing interval. According to Theile [11]
the dummy head and headphones were diffuse field equalized to
avoid orientation dependent errors.

3.3. Procedure

An A-B comparison procedure was chosen for testing. The refer-
ence sequence (A), which is convolved dynamically over the whole
length of 85 ms, is followed by the modified sequence (B). In the
modified sequence only the first part up totdyn is chosen dynami-
cally according to the listener’s head orientation, whereas the later
part (tdyn . . . 85 ms) is identical for all head orientations.
As the stimulus was steadily repeated until the subject was able to
draw a decision, in each pause between the repetition the listening
situation was switched from A to B and vice versa. 12 expert listen-
ers aged 23 to 49 took part in the investigation. Their task was to
report if any difference was audible between the presented listening
situations. To make active usage of dynamic cues that might help to
detect the differences between the two listening situations, subjects
were instructed to turn their head while listening to the test stimuli.
For each value oftdyn this procedure was repeated until the subject
was able to reach a decision.
During the experiments, the subjects were surrounded by a curtain
to eliminate optical influences which could disturb the plausibility
of the auralized environment.
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Figure 3. Experimental results for center (upper panel) and left-
surround (lower panel) speaker. The solid line represents the per-
centage of perceived differences. With increasing dynamic cues due
to a higher value fortdyn less differences are evoked. Results are
shown as arithmetic mean and 95 % confidence intervals over 12
subjects.

4. Results

4.1. Reported differences

Subjects were asked orally about the differences they used as a crite-
rion to judge the presented pairs of signals in the experiment. They
described several differences between the two listening situations.
These differences depended on the length of the dynamic part of the
impulse response and appeared as described in the following.
For very small values oftdyn (7 – 11 ms), inside-the-head located-
ness and front-back reversals occurred, like in the completely static
case. This is comparable to a recording with a fixed dummy head
or with static auralization systems. With increasing values oftdyn

disturbing additional echoes are perceived, which lead to an incor-
rect sensation of the room’s size. Whentdyn almost reaches the
detection threshold, slight changes in sound characteristics like bass
enhancements appear, which are very difficult to detect.

4.2. Minimum dynamic computation time

Figure 3 shows the results for the two different speakers that were
selected for the experiment. In each graph the arithmetic mean and
the 95 % confidence interval for the percentage of perceived arte-
facts are shown. The determined threshold for a procedure as used
in these experiments is found as the value oftdyn where differences
between the two presented variations are audible with a probabil-
ity of 50 %. According to the mean values, this threshold-value is
22 ms. To retain some more dynamic cues for very sensitive listen-
ers, the upper limit of the 95 % confidence interval is taken into
account which leads to a proposed value fortdyn of about 27 ms for
the used room.
In the case of the surround speaker the confidence interval is some-
what larger than for the center speaker and subjects reported difficul-
ties to evaluate their listening impression. In that listening situation,
one subject determined differences even with a dynamic computa-
tion time of 39 ms.

5. Discussion

As the results show, in principle a reduction of dynamic cues is pos-
sible without producing audible changes in sound quality or room
impression. Taking only into account the mean values of the exper-
imental data, the 50 % threshold is reached for a value oftdyn of
about 22 ms. This value coincides with the time of early reflections
that arrive at the listener’s ears within the first 20 ms according to
Hartmann [12] and their well-known importance for localization.
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Later parts of the impulse response, i.e. reverberation, apparently
contain less significant localization cues. Thus it seems plausible to
find a threshold in the described experiments, close to 20 ms. As the
limit for early reflections is dependent on the actual auralized room
and the audibility of differences due to simplified impulse responses
varies from listener to listener, a higher value is recommended for
the dynamic computation timetdyn. Thus the upper limit of the
95 % confidence interval is taken as a measure for the searched limit
and a value fortdyn of 27 ms is recommended.
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