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Introduction
Real-world sources are typically perceived to be located
outside the head. Dynamic binaural rendering, however,
sometimes suffers from a collapse of externalization so
that sources are perceived inside the listeners head [7].
Parameters influencing the externalization of binaurally
rendered sources include (i) individualized head-related
transfer functions (HRTFs) [10], (ii) head tracking [3],
(iii) reverberation [4], (iv) listening room (e.g. room di-
vergence effect [15, 14]) and (v) individual headphone
equalization [2, 5]. Supplementing what is known from
previous studies, e.g. [1, 12], we aim at covering and re-
visiting most of the recent and relevant aspects in the
experimental study presented below.

Experimental design
It has been shown in [13] that a source with variable
directivity can be used to influence the perceived distance
of a source in a real room by controlling the direct-to-
diffuse ratio. The configuration yielding the most distant
impression is used for the experiment here. Further, the
room is modeled via a source and receiver directional
(SRD) RIR in 2D Ambisonics as proposed in [16]. The
source order is set to NS = 1 and the receiver order to
NR = 11.

Room Simulation

The pizza-box room with dimensions 11m×12m is simu-
lated using a simple 2D image source model up to order
3. The corresponding direction of arrival (DOA), time
of arrival (TOA), and level for each propagation path
is listed in Tab. 1. The diffuse reverberation tail is con-
structed from normally distributed white noise generated
separately for each of the SRDRIR channels. To involve
frequency dependency of the diffuse tail, it was divided
into octave bands (see Tab. 2) in each of which a decaying
envelope was applied matching the desired reverberation
time (T60). The generation of the modeled SRDRIR is
depicted in Fig. 1 for a single channel, where q = 0.0011,
and the diffuse part is faded in with 20ms starting at the
mixing time [9].

Binaural synthesis, HRTFs, and Equalization

Resulting from the SRDRIR, 2D Ambisonics signals up
to the order 11 are decoded to a equiangular 24 channel
virtual loudspeaker array via a pseudo-inverse decoder.
The head-rotation of listener is tracked via a compact
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Figure 1: Schematic RIR modeling using a 2D image source
model of order 3 and a diffuse modeled in octave-bands.

headphone-mounted device [11] and the entire scene is
rotated via a simple frequency-independent matrix multi-
plication prior to decoding. The decoded binaural signals
are obtained by a convolution of the loudspeaker signals
with the HRTFs (artificial head or individualized) for the
corresponding direction (nearest neighbor selection).
The individual far-field HRTFs used in experiment were
measured at the Acoustics Research Institute of Austrian
Academy of Sciences in Vienna for 1550 directions and
the non-individual HRTFs were selected from KEMAR
database.
Instead of measured headphone equalization, we had all
participants follow Griesinger’s equalization procedure
[6] for the last condition, to account for the colorations
introduced by the headphones of the experiment.

Listening Experiment

The overall 6 male listeners (average age 30 years) with
experience in spatial audio were asked to rate the qual-
ity of externalization on a continuous scale from poor to
very good in a multi-stimulus task. In the experiment we
varied

• the complexity of the modeled room acoustics: only
the direct sound, direct sound with early reflections;
direct sound with early reflections and diffuse rever-
beration tail;

• the dynamic behavior: head tracking on and off;
• the HRTFs: individual vs. non-individual;
• the headphone equalization: on vs. off.

Additionally, two anchor conditions were involved that
model the time delays simulating the ITD only (with and
without headtracking). All experimental conditions are
listed in Table 3.
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DOA TOA LVL DOA TOA LVL DOA TOA LVL DOA TOA LVL
order (deg) (ms) (dB) sign order (deg) (ms) (dB) sign order (deg) (ms) (dB) sign order (deg) (ms) (dB) sign

0 0 5 0.0 -
1 -9 12 3.7 + 2 -100 59 -16.0 + 3 -94 60 -13.6 + 3 -14 83 -12.7 +
1 53 13 -7.4 + 2 153 60 -23.9 - 3 64 63 -20.0 + 3 -150 83 -37.2 +
1 -99 48 -24.9 + 2 70 62 -26.3 + 3 154 67 -10.7 + 3 118 85 -28.0 -
1 164 58 -21.7 - 2 164 66 -10.8 + 3 71 73 -17.7 + 3 -48 89 -25.7 -
2 31 17 0.2 + 2 -14 76 -23.9 - 3 -6 77 -25.5 - 3 -103 109 -30.2 +
2 -91 50 -17.1 + 2 -156 76 -25.5 - 3 -159 81 -14.8 + 3 164 129 -28.4 -

Table 1: DOA, TOA, and level of each simulated propagation path up to an image source order of 3.

Type T60 Lower cut-off Upper cut-off
Lowpass 700 ms 250 Hz
Bandpass 500 ms 250 Hz 500 Hz
Bandpass 500 ms 500 Hz 1000 Hz
Bandpass 500 ms 1000 Hz 2000 Hz
Bandpass 415 ms 2000 Hz 4000 Hz
Bandpass 335 ms 4000 Hz 8000 Hz
Highpass 250 ms 8000 Hz

Table 2: Filter bank design parameters for the diffuse rever-
beration tail

Condition room impulse response length
1,2 direct sound only (dry)

3,6,9,12 direct
4,7,10,13 direct+early
5,8,11,14 direct+early+diffuse

Condition HRTF HeadTracking EQ
1 delay time 7 7
2 delay time X 7

3-5 KEMAR 7 7
6-8 KEMAR X 7

9-11 individual X 7
12-14 individual X X

Table 3: List of conditions evaluated in the experiment.

Each listener had to complete the multi-stimulus rating
task perform the listing experiment in an anechoic cham-
ber and in a lecture room (randomized order). In each
room, the multi-stimulus task had to be completed twice,
each time with with randomized presentation order of
the 14 conditions. The source signal was male speech
(EBU SQAM CD, track ID 50) and resulting stimuli were
played back in a loop via Stax Omega II (SR-007) head-
phones. Listeners were allowed to seamlessly switch be-
tween the stimuli and listen to them as often as desired.

Results
In the following section we discuss the results of all rat-
ings shown as median and 95% confidence intervals in
Figs. 2 and 3. Independent of the listening room, the an-
chor conditions (delay time stereophony) were rated to be
inside the head (poor externalization). As assumed, in-
creasing the complexity of the room model also increases
externalization. The addition of early reflections signif-
icantly improves externalization, while further addition
a diffuse part gives comparable results to the direct plus
early reflections simulation.
Apparently, head-tracking and the use of individualized
HRTFS can further improve the externalization, while
the headphone equalization shows no significant improve-

ment. Note that similar results are found in [7, 3, 8].
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Figure 2: Results for externalisation rating trial in the lec-
ture room – headphone playback, speech signal. The results
were scaled and shifted for every individual to fill the entire
scale.

Room divergence effect

As stated in [15], the externalization of a binaurally ren-
dered sound scene decreases as the acoustic impression
of the listening room diverges from the auralized room.
This hypothesis is partly supported by the results ob-
tained here. While rendering of the direct part only yields
almost poor externalization in the lecture room, some
listeners perceived a well-externalized source in the ane-
choic chamber. This may be explained by the similarity
of the presented acoustic scene with the expected room
acoustics of the listening room. For the lecture room an
increase of complexity in the modeled room also improves
externalization while no significant improvement is found
for the anechoic chamber.
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Figure 3: Results for externalisation rating trial in the ane-
choic chamber – headphone playback, speech signal. The re-
sults were scaled and shifted for every individual to fill the
entire scale.
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Conclusions

As expected, the anchor conditions (no room, no HRTFs)
were perceived to be located inside the head, and exter-
nalization improves as the complexity of the room sim-
ulation increases. Whereas the addition of early reflec-
tions improves externalization, the addition of the diffuse
part may not be as important. This complies with liter-
ature that suggests that the early 30 ms of the room
response is beneficial for externalization [4]. In addi-
tion, our results also confirmed that dynamic binaural
synthesis (head tracking) improves externalization, and
rendering with individualized HRTFs outperformed the
results obtained for rendering with the HRTFs of an ar-
tificial head (KEMAR data set). Finally, our results also
confirm that avoiding room divergence is beneficial, as
externalization for listening in the anechoic environment
suffers more from adding diffuse reverberation.
The benefit of the particular procedure employed for
third-octave equalization between headphones and a
frontal loudspeaker was negligible, or slightly counter-
productive.
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