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The analysis of acoustical properties of three different listening rooms and its influence
on the subjective and objective fidelity and consistency between sound fields reproduced us-
ing two loudspeakers in standard stereo configuration and headphone feed with the signal
processed using a method of sound externalization developed by the authors based on the
modified HRTF (Head Related Transfer Function) technology are presented in the paper. The
experiments allow more deep insight into the sound source localization by a human in a closed
space and an improvement of the processing algorithm for thesound presentation using head-
phones.
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1. Introduction

Authors of the paper are involved in the development of a headphone processor to
externalize 2-channel stereo sound reproduced with headphones. The theoretical back-
ground of the idea is described in [1, 2]. The main goal of the present research is the
development of the measurements procedure to evaluate the parameters of processing
algorithm based on fast convolution for individual person and its individual listening
room, and not using a laboratory equipment and anechoic conditions asin [2]. All the
needed parameters can be represented as the transfer function calledby the authors
Head & Room Related Transfer Function (H&RRTF) [5, 6] and also known as the Bin-
aural Room Impulse Response (BRIR). Using the individual measurements gives better
results than an application of average data or a dummy head.

The goal of the research described in this paper is to find the answer to thequestion,
if the size and the acoustical properties of the listening room influence on theconsis-
tency between sound fields reproduced using a standard stereo technique and a head-
phone technique with H&RRTF processing. It is important from the practical point of
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view, if the proposed method should be used to design an electronic appliance to exter-
nalize headphone sound reproduction, which destination is a wide consumer market. It
is also an important and interesting question from a cognitive point of view,to enhance
our knowledge how exactly the human evaluates direction and distance of perceived
sound [3, 4]?

The results of subjective listening tests are presented in the paper. The tests consisted
in comparing perceived sound source localization, when the sounds were emitted by
loudspeakers and by headphones with proper processing.

2. Measurements

Thesetof measured H&RRTF’swascollectedfrom 3differentenvironments(rooms)
and for 3 subjects. Environments 1 and 2 were the ordinary office rooms and have the
same size:2.8 m×5.7 m×3.1 m (width× length× height) but different acoustic adap-
tation: room 1 has wideband sound absorbers on the walls to attenuate firstreflections;
room 2 has wideband sound absorbers on the rear of the listeners (Fig.1).

Fig. 1. Wideband sound absorber positioning in environment1 (left) and environment 2 (right).

In both rooms, there was carpet on the floor and painted plaster on the ceilings. The
average reverberation time of both rooms was the same and about 0.45sec. Environ-
ment 3 was a building corridor with size of2.5 m × 25 m × 3.1 m (width × length×
height) with hard and strong reflecting walls, floor and ceiling (Fig. 2). Thereverbera-
tion time was about 2.3 sec. The loudspeakers-listener set-up was the same in all three
environments. Loudspeakers and listener head’s positions created anequilateral triangle
with distance between corners of 1.8 m. The height of listener ears and tweeters in the
loudspeakers was near the same (about 1.3 m over the floor). The sound pressure level
of the test signal measured near the head was 60 dB SPL. The impulse responses were
recorded using miniature electrets microphones located in the entry of the ear chan-
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nels. The average distance between microphones was 18 cm. The signals from each
microphone after amplification in a low-noise custom-made microphone preamp was
connected to the line inputs of the Digidesign audio interface Digi002. For each sub-
ject (with normal hearing and some experience in subjective audio tests)four kinds
of responses to214 samples long MLS signal (sampling frequency 44.1 kHz) were
recorded: two responses from left and right ear to MLS emitted by left loudspeaker
and two responses from left and right ear to MLS emitted by right loudspeaker. Using
fast Hadamard transform algorithm, impulse responses were calculated. All calculation
and processing were carried out using Matlab software.

Fig. 2. The measurement (and listening) set-up in environment 3 – building corridor.

3. Listening tests and subjective evaluation

For the listening tests, the pink noise signal was used to create testing sounds. The
tests were conducted in two stages. The loudspeakers-listener set-up was the same as
during measurements done before. In the first stage, two kinds of sounds were presented
to the listener in random sequence:

• original pink noise signal without any processing, emitted by one loudspeaker
(left or right),

• pink noise signal convolved with H&RRIR measured for actual subject and envi-
ronment, emitted by headphones.

Each listener was asked to point out, if the sound was emitted by loudspeakers or
by headphones and evaluate the perceived distance to sound source.In most cases the
listeners answers were correct, but also a few mistakes were present.Listeners reported
that the different timbre of the noise helped to distinguish the source. The sound image
created by headphones was externalized, but the perceived distancewas shorter then
actual distance to loudspeaker. During the experiments, it was noticed that the correct-
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ness of the recognition process depends on the test signal order during presentation.
The unprocessed sound (pink noise mono signal without any filtering) emitted by head-
phones before the testing signals mentioned above, influenced results ofrecognition –
the listeners have subjective sensation of much more consistency between localization
of phantom sound sources created by emission the previous test signalsafter the emis-
sion of the unprocessed noise. So in the second stage 3 kinds of soundswere presented
to the listener. The sequences of test signals as before were always preceded by the
unprocessed pink noise mono signal emitted by headphones (called in thenext part of
the paper as “calibration signal”). It was examined, that a time gap from zero to few
seconds between calibration signal and test signals does not influence the results of the
experiment.

After the emission of each signal sequence (3 signals), each listener was asked again
to point out the source of sound (loudspeaker or headphones) and then asked to per-
ceived distance to sound source. In contradiction to previous experiments, in most cases
the listeners could not properly distinguish when the testing sounds were emitted by
loudspeaker or when by headphones. In this case, unlike before, thedifferent timbre of
the noise not help to distinguish the sources. The sound image created by headphones
was externalized and the perceived distance was often the same as the actual distance to
the loudspeaker. Detailed results for all listeners are presented in the Table 1.

Table 1. Changes in perceived distance and size of phantom sound source.

Listener
Environment 1 Environment 2 Environment 3

Left Right Left Right Left Right

JS
X + ∆X X X − ∆X X − ∆X X X

N N C C N N

GS
X X X + ∆X X + ∆X X + ∆X X

N N C C C N

WM
X X X − ∆X X − ∆ X X − ∆X X − ∆X

N N C C N N

X − ∆X – perceived distance sorter than in real conditions;
X – perceived distance the same as in real conditions;
X + ∆X – perceived distance longer than in real conditions;
N – phantom sound source narrower than in real conditions;
C – phantom sound the same size as in real conditions.

Table 1 contains averaged results for 3 listeners (JS, GS and WM), who have listed
to 10 sequences of test signals with random order of sounds emitted by headphones
and loudspeakers. The highest consistency between the sound imagesperceived when
test signals were emitted by a loudspeaker and headphones (after processing) was ob-
served in environment 1. Proper acoustical adaptation and especially the decreasing the
first reflections from walls using wideband absorbers placed as shownin Fig. 1 (left)
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could cause it. Practically all listeners evaluated the phantom sound source(generated
by headphones processor) as located in the same distance as loudspeaker. It should be
noticed, that the size of phantom sound source was evaluated as little smallerthen if
they were produced by loudspeaker. A higher inconsistency in distanceperception was
observed in the environment 2. The evaluations were symmetric (the same for left and
right channel) but the differences appeared in the evaluation of the distance (the phan-
tom source was closer or further than the real loudspeaker). The perceived sizes of the
sound images were the same. It should be noticed, that in the environment 2 the average
reverberation time was the same as in environment 1, but different absorbers placement
as is shown in Fig. 1 (right) created a different profile of early reflections. Some inter-
esting results were obtained for environment 3. The distance was evaluated differently
for each listener but the size of phantom source was evaluated rather asnarrower. The
listeners reported also sometimes increased distance between phantom images created
by headphones for left and right channel. The reason for higher inconsistency of the re-
sults in this case was the length of used impulse responses, which from practical reasons
(processing time) were shorten to 12000 points for all environments. For the environ-
ment 3 with 2.3 sec. reverberation time, about 10 times shorter impulses were not long
enough to make the proper distance rendering.

Although it was not the subject of the test, listeners reported sometimes changes in
perceived elevation of the phantom sound sources. The consistency inangular repro-
duction in the horizontal plane was quite fully consistent.

4. Discussion and conclusions

The experiments proved that the headphone processor, based on H&RRIRs mea-
sured in different listening environments, can create auditory sensations using head-
phones that are comparable with real listening conditions using loudspeakers and main-
tain some spatial attributes of the real sound image created by loudspeakers.

It was observed the important role of the introductory “calibration” of thehuman
hearing system, which in some cases meaningfully improve the consistency between
subjective localization of the phantom sound sources generated artificially(using head-
phones processor) and localization of sound images emitted actually by loudspeakers.
It proves that the human hearing short-time memory plays very important role in the
sound events perception and localization. In the mechanism of a distance perception
very important is the reference information stored in the human memory.A person be-
ing in a given environment subconsciously “calibrates” its hearing perception system
(also using visual perception system) and on this base evaluates distanceto appearing
new sound events. The goal for further research can be evaluation of time characteristics
of these effects.

Our experiments conducted in different acoustical environments prove that proposed
method of joined measurement of acoustical properties of the room andcumulative in-
fluence of individualized pinna-head-and-torso (measurement of Head&Room Trans-
fer Related Function), works well in externalization of sound image using headphones
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practically for every acoustical environment, if the measured impulse responses for con-
volution process have adequate length. If the user wants to render sound images using
headphones processor, that are consistent with these existing in environments with high
reverberation, long convolutions have to be done. Finding the exact relation of rever-
beration time to desired convolution length for consistent distance rendering will be the
goal of further research. If the processor should work in real time,it will desire the ap-
plication of specific fast convolution algorithms and high-power processing hardware.
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