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Introduction

5.8m

Spatial audio systems, together with new concepts of content
representation such as object-based audio, are likely to form
the next generation of audio technology. To evaluate the
wide variety of systems under consideration at the moment,
two datasets have been created and are available for
download. Together with publicly available rendering
systems a test suite for spatial audio systems can be built.
This consists of a set of binaural room impulse responses, a
new format for representing audio scenes of various types,
and example scenes for assessment of such systems. Each of
these components is described in this paper.
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2.539

A library2.012of binaural room impulse responses (BRIR) was
created using a B&K head and torso simulator (HATS). 15
listening positions have been measured in a 12 loudspeaker
3.053
horizontal ring using the geometry given in Figure 1. The
1.749 measured in 2˚ HATS-azimuth resolution
BRIR have been
on a regular grid.0.737The room for the measurements was an
2.100
ITU-R BS.1116
[1] compliant listening room at the
University2.822 of Salford. The room has an average
reverberation time of 0.27s and a background noise level of
less then 6dBA. The room was equipped with Genelec
8030A loudspeakers.
The 64,800 BRIR are available under
1.819
[2] below using the SOFA format [3]. Measurements were
made at sample rate 48kHz using sine sweeps of length 218
3.544
samples,2.552achieving a peak-to-tail signal-to-noise ratio of
approximately 90 dB [4]. Room impulse responses made
with1.452an omnidirectional microphone are also available for
each loudspeaker at each listening position.
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Figure 1: Geometry of the measurement setup to capture the BRIR
database. Grey circles indicate the measurement position oft he
+z
dummy head.

http://usir.salford.ac.u

The TrackFormat and StreamFormat elements in the format
part are used to describe how the signal is formatted in the
file (e.g. PCM). The ChannelFormat and BlockFormat elements are used to describe how the+x
signal should be rendered
(e.g. positional information or a preferred speaker). The
BlockFormat element divides the ChannelFormat element
along the time domain to allow dynamic metadata to be used
(e.g. for moving objects).

Audio Definition Model
To represent audio content that can be rendered using
various spatialisation techniques, a flexible content
representation is required. The recently developed Audio
Definition Model (ADM) is a formalised way to describe
+x
object-based, channel-based, and transformation-based audio
content. It is part of the European Broadcasting Union Core
XML schema [5] and is described in [6] and available for
download. The initial supported file format is the Broadcast
Wave +y
Format (BWF) [7]. The model is for general use and
not restricted to BWF files. Figure 2 presents an overview of
the different elements of the format and their relationship.

The PackFormat element is used to combine multiple
channels that belong together (e.g. two channels in a stereo
pair).
In the content part the Object element links together the
actual audio essence with its technical description from the
BWF Reference !
format part. The Content and Programme elements are then
BWF - File
library
used to describe the contents of the audio signals including
loudness metadata.

Aerial View

Side View

The model is split into two parts, the format part, which is
used to describe the technical aspects of the audio, and the
content part, which is used to describe what the audio signal
contains.
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The Audio Definition Model is a formalised way to describe object-based, channel-based
and transformation-based audio content. The initial file format is Broadcast WAV [1]. It is
part of the2014
European
Broadcast Union Core XML schema [2] and is described in [3] and
DAGA
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available under the link below. The model is for general use and not restricted to the
BWF format.
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Conclusions
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A library of binaural room impulse responses and spatial
audio test scenes and software to enable their
rendering/reproduction has been published. In future work
the set of available scenes will be expanded. The library is
open for further contributions of critical material. Some have
already been used in binaural listening experiments [10].
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In order to playback and render the files a software library
for the use with the SoundScape Renderer [9] is available for
download. This includes reference software to read and write
the Audio Definition Model extension, and to play it back
and render it to the desired output format using the
Soundscape Renderer.
In case the scenes are rendered for loudspeaker reproduction
the BRIR provided can be used with a second instance of the
SoundScape Renderer to virtualise the loudspeakers in a
reference listening room. The rendered speaker feeds can
then be reproduced using headphones for different listening
positions in the room.
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