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Abstract

The goal of binaural headphone reproduction is to syn-
thesize a virtual room or to resynthesize the acoustics
of a real room. Former research has shown, that the
acoustical divergence between the room presented over
headphones and the actual listening room can violate
the expectations of the listener. In this case, the per-
ceived quality of the synthesized room is degraded de-
spite of a technical correct synthesis of the ear signals.
This effect is called room divergence effect and is mea-
sured in a reduction of externalization of sound events.
This publication describes a demonstrator which aural-
izes this effect. For this purpose a 5 channel loudspeaker
setup is measured with a KEMAR artificial head in two
rooms. Additionally three algorithms are implemented to
calculate virtual rooms in between the measured rooms.
By listening to the unmodified rooms measurements and
their modifications differences in externalization are dis-
tinguishable. The influence of each algorithm on exter-
nalization in a divergent listening scenario is evaluated
in a listening test with 14 participants.

Introduction

Increasing technical progress in the fields of audio repro-
duction and an extensive understanding of psychoacous-
tical processes allow the development of spatial audio re-
production systems with a high degree of immersion and
plausibility. In this context, the aim of binaural synthe-
sis is to synthesize signals directly at the ear drum of
the listener containing the auditory cues which also oc-
cur in real world sound fields. Ideally, the listener can
not distinguish between a synthesized scene and an ac-
tual sound field in that case. In reality however, such
systems are highly influenced by numerous factors that
can have a negative impact on the perceptual quality.
Apart from technical parameters, contextual factors can
have considerable impact on the plausibility of such sys-
tems [1, 2, 4]. It was shown that a divergence between
the listening room (i.e. the room in which a binaurally
synthesized scene is reproduced) and the ambient part of
the synthesized scene can reduce the perceived external-
ization and thus lessens the systems plausibility [1]. This
effect is now called the room divergence effect and is at
least partially attributable to the listeners expectations
to the room acoustics of the listening room [2, 3]. The
authors of the present work address this topic by imple-
menting a demonstrator which renders a binaurally syn-
thesized scene and provides different methods for adjust-
ing certain room acoustic parameters of the synthesized

scene in order to control the perceptual effects caused by
room divergence. For that, two sets of measured binau-
ral room impulse responses (BRIR) need to be provided
for a listening room and a synthesized room respectively.
Here, the respective BRIRs in different rooms located at
Ilmenau University of Technology were measured with a
KEMAR artificial head. The user can listen to a synthe-
sized scene with the particular ambient characteristics
of the synthesized room. With the help of three algo-
rithms (see next section) certain acoustic parameters of
the synthesized scene can be adjusted in real time in or-
der to fade towards the listening room where the listener
is located. Thus hopefully minimizing the impact of the
room divergence effect. The basic structure is shown in
figure 1.

Figure 1: Workflow of the demonstrator. The user con-
trols to which degree the synthesized room is adapted to the
listening room resulting in modified binaural room impulse
responses (BRIR) which are then convolved with the raw in-
put data. Additionally a headphone equalization stage is in-
cluded.

Algorithms for adaption

To demonstrate the audible impacts of the room diver-
gence effect three algorithms were implemented to fade
between the synthesized room and the listening room.
These methods are covered in the following sections.

Interpolation

The first method is based on linear interpolation [7] in
time domain between the amplitudes of the sample values
of the measured BRIRs of the listening room and the
synthesized room.

Equation 1 describes the interpolation between (x1,y1)
and (xanz+1, yanz+1) with anz interpolated steps. The
x-value of the sample at the interpolation index α is la-
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belled with xα, where α = 0, 1, ... , anz .

yt(xα) = yt(x1) +
yt(xanz+1) − yt(x1)

xt(xanz+1) − xt(x1)
(xα − x1) (1)

The interpolation in time domain is a comparatively sim-
ple method which requires low computational costs but
implies that the reflections of the impulse responses of
both the listening and the synthesized room are included
in the resulting BRIRs at different temporal positions.

DRR adaption

The second method is based on the modifcation of the
Direct-to-Reverberant-Energy Ratio (DRR). Apart from
monaural and binaural cues for localizing sound, the
brain can evaluate further cues when reflections are
present (e.g. inside rooms). In such conditions sound
is composed of a direct and reverberant part. Depend-
ing on the room acoustics and the relative distance of
listener to the sound source, the direct and reverberant
part of the incoming soundwaves have different energy
levels. The ratio between the direct and reverberant en-
ergies can thus be a cue for the perception of distance
of a sound source and a descriptor of the room acous-
tic properties [5]. DRR can be calculated directly from
(binaural) room impulse responses and is defined as:

DRR = 10 · log


∫ T

0

h2(t)dt∫ ∞

T

h2(t)dt

[dB] (2)

In the upper equation h(t) corresponds to an impulse re-
sponse and T to a defined limit between direct sound and
reverberant sound. In this work T was given a fixed value
of 1.5 ms assuming that the direct sound is at position
T = 0 s. Thus, while still including monaural and binau-
ral cues, sound caused by reflections on the boundaries
of the room are considered as the reverberant part [6]. In
the context of the room divergence effect, Werner et al.
have shown that modifying the DRR value of a synthe-
sized scene can lead to a perceptual congruence between
listening room and synthesized scene [6]. Based on this,
a method was implemented which can adapt the DRR
value of the synthesized scene stepwise to that of the real
listening room. For that, a simple damping or amplifica-
tion is applied to the reverberant part of the synthesized
scene’s BRIRs. For each of the ten impulse responses (re-
sulting from the 5 channel setup; left and right ear) the
DRR values are calculated for the listening room and the
room which is to be synthesized. By matching the corre-
sponding impulse responses between the two rooms the
damping/amplification factors for each impulse response
are calculated. The synthesized BRIR is then multiplied
with a specially designed window function to apply the
damping/amplification to the reverberant part. For a
detailed description of the window function see [6]. This
method accounts only for energetic adjustments of the
impulse responses and does not alter the temporal reflec-
tion patterns of the synthesized BRIRs.

EDC-Shaping

By applying the third method the so called Energy-
Decay-Curve (EDC) of the measured BRIRs of the syn-
thesized room gets modified. The EDC describes the
remaining energy in a room at any given time following
an impulse. It can be calculated as follows [8], using the
binaural room impulse response h(t):

EDC(t) =

∫ ∞

t

h2(τ) dτ (3)

After normalization to the total energy of the impulse
response, the maximum value of the EDC is always equal
to 0 dB [9]:

EDC(t) = 10 · log10

(∫∞
t
h2(τ) dτ∫∞

0
h2(τ) dτ

)
dB (4)

To shape an EDC of the synthesized room towards the
listening room, an algorithm was implemented which is
based on several room acoustic parameters [11, 12]: the
reverberation times T30 and T60, definition C50 and clar-
ity C80.
Füg [9, 10] uses EDC-Shaping to edit the BRIRs of the
listening room with the aim of varying the perception
of distance of a sound source. In the modified EDC at
the temporal positions 50 ms and 80 ms after the direct
sound of the impulse response the target values of the
parameters C50 and C80 are inserted. Regarding the de-
sired values of the reverberation times T30 and T60 the
following equations apply (with i5 as the sample position
where a decay of -5 dB of the EDC is reached):

EDCnew[i5 + T20,target · fs] = −25 dB (5)

EDCnew[i5 + T30,target · fs] = −35 dB (6)

In the context of the room divergence effect a modifica-
tion of the perception of distance is unintended. Hence
Füg’s method was adapted to adjust the EDCs of the
BRIRs of the synthesized room in direction of the listen-
ing room. Therefore the measured values for T30, T60,
C50 and C80 of the listening room were used as target
values of the calculation.

Figure 2 shows the EDCs of BRIRs of a large, reverber-
ant seminar room (SR) before and after adaption to an
acoustically dry listening lab (LL).
Similar to the DRR adjustment the EDC-Shaping only
accounts for energetic adjustments of the impulse re-
sponses and does not change the reflection patterns of
the synthesized BRIRs. In contrast to the DRR adap-
tion EDC shaping performs a more detailed adjustment
of the reverberant part of the impulse responses and is
thus expected to create subjectively more plausible re-
sults.

Demonstrator

To fade between the synthesized room and the listening
room, using the presented three methods, a demonstrator
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Figure 2: Energy-Decay-Curves of a seminar room (SR) be-
fore and after adaption to a listening lab (LL) for an angle of
sound incidence of 30 degrees.

was developed which is shown in figure 3. The demon-
strator includes two pre-measured sets of BRIRs and can
be used with any BRIRs measurements of two rooms
with the same measurement setup. This Graphical User
Interface enables to adjust each method separately and
independently from each other. Furthermore, the user
can listen to two references namely a free field option,
in which the items are convolved with BRIRs measured
in free field conditions and a stereo downmix convolved
with a simple monaural room impulse response of the
synthesized room.

Figure 3: Graphical User Interface of the demonstrator.

If the slider position is set completely to the right, the
scene is rendered using completely unmodified BRIRs
measured in the synthesized room. Set to the left (lis-
tening room) the demonstrator renders the scene with
maximum adaption of the respective parameters to the
listening room as described above. The number of steps
between the two end positions is set to 30. The demon-
strator requires the measured impulse responses of two
rooms (listening room and synthesized room) and the

respective items as input and operates either in five or
two channel mode. Also it requires a headphone transfer
function to equalize for the headphone in use.

Evaluation

To subjectively assess the three implemented methods
with respect to their ability of reducing the unwanted
room divergence effect an evaluation with 14 partici-
pants was conducted. The listening tests took place in
two acoustically different rooms at Ilmenau University of
Technology: an acoustically dry listening lab (T60=0.16s;
LL) and a very reverberant seminar room (T60=1.4s;
SR). In a room-divergent scenario the first task was to
adjust the slider-positions for each method (separately)
until the perceived impression was as plausible as possi-
ble while listening to 5-channel recordings.
After the adjustment of the sliders the participants’ sec-
ond task was to rate the difference between their selected
configurations and a given reference on a five-step impair-
ment scale [13] regarding the attribute externalization.
As reference the 5-channel recording convolved with the
unmodified BRIRs of the listening room was provided.
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Figure 4: Results of the listening test (task 1): ad-
justed slider-positions for a speech-signal in the listening
rooms listening lab (LL) and seminar room (SR); slider-
position 0 = synthesized room, slider-position 1 = listening
room.

Figure 4 shows the adjusted slider-positions for task 1
in the listening lab (LL) and the seminar room (SR) as
listening rooms. In the acoustically dry LL as listen-
ing room the slider-positions were set near the maximum
for each method indicating the subjects rated the scene
more plausible when adapted to the listening room. In
the more reverberant SR as listening room configurations
with less reverberation compared to the actual reverber-
ation were chosen. This can be explained by subjects un-
derestimating the degree of reverberation in the seminar
room. Furthermore DRR adaption and EDC-Shaping
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show a considerable drawback in the latter room con-
figuration (reverberant listening room, dry synthesized
scene). Since the synthesized impulse responses have dis-
tinctively lower energy in the reverberant part, a simple
energetic amplification of it can not add natural reverber-
ation but leads inevitably to a amplification of the noise
floor. This was supported by subjects commenting that
it was significantly harder yet sometimes impossible to
find a plausible slider position for DRR and EDC when
in this kind of room divergent scenario.

The results of the second part of the listening test are
presented in figure 5. Small differences indicating a more
convergent scenario. Basically, every method seems to
reduce the divergence between the synthesized room and
the listening room and thus improves the externalization
compared to a room-divergent scenario (would be equal
to rating 5). Using interpolation the best results can
be achieved. With this method the synthesized room
can be adapted completely to the listening room (con-
vergence), because the maximum slider-position in this
case means a convolution of the audio signal with the
measured BRIRs of the listening room. Hence two iden-
tical versions are compared. On the contrary by applying
DRR adaption or EDC-Shaping the temporal reflection
patterns of the synthesized room are preserved and thus
a completely convergent scenario is not possible. But be-
cause of the more detailed adjustment of the reverberant
part of the BRIRs using EDC-Shaping, a higher congru-
ence between listening room and synthesized room can be
achieved with this method compared to DRR adaption.
Hence better externalization can be obtained.
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Figure 5: Results of the listening test (task 2): rating of
the difference between the plausible adjustment of task 1 and
the given reference regarding the attribute externalization;
rating 1 = convergent, rating 5 = divergent.

Conclusions

This work addressed the problem of perceiving a lower
degree of plausibility when listening to binaurally syn-
thesized scenes with certain ambient characteristics in
a listening room with different room acoustic parame-
ters. The authors implemented a software tool to make
the room divergence effect audible and up to a certain
degree controllable. This is achieved by making use of
three different state of the art algorithms which modify
the binaural room impulse responses of the synthesized
scene. It was shown that all three methods considered

are able to reduce the unwanted effects of a room diver-
gence and are thus comparatively simple tools to enhance
the plausibility of binaurally synthesized content.
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