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ABSTRACT

The early lateral energy fraction (LF) is one & thost important acoustic descriptors of concdrisleand.

This paper describes a procedure for validatingrigasurements of halls. The measurement of LF can be
problematic due to uncertainties with calibratirgdigning and aiming two microphones of different
sensitivities and directivity patterns. The valjdénd reproducibility of measured LF values needbe
established. A series of simulated sound fieldssisting of the direct sound and a single reflectiomn
anechoic chamber were used to validate LF measutesystems. The reflection was varied in angle and
level, and the measured LF values were comparddttdt known or calculated values. Two commercially
available measurement systems were validated @ohéasured results were generally within one JND of
the calculated values.
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1. INTRODUCTION

The terms “spatial impression” and “early lateraflections” are ensconced in the terminology
used to describe the acoustics of concert hallghénlate 1960s, through listening experience and
research, Harold Marshall discovered that earlyeotfons arriving from lateral directions created a
desirable sense of spaciousness (1). This phenamewhich he originally called “spatial
responsiveness” (later, spatial impression), was #xtensively investigated by Michael Barron is hi
PhD thesis. Later, Barron and Marshall derived ‘tharly lateral energy fraction” (LF) as a linear
measure of spatial impression (2). Recent reselaydpatynen et al. (3) has also established that the
perceived dynamic range is enhanced when the ramaetry provides strong lateral reflections. LF
has become one of the most important acoustic geecs that correlates highly with subjective
listener preference for concert hall sound. Todeyterm spatial impression refers to two subjective
effects: apparent source width, and listener erpmakent. The first corresponds to Marshall and
Barron’s work, while listener envelopment is retate the level of the late lateral sound energy (4)

LF is defined as the linear ratio of the lateratlg@nergy to the total early energy. Barron and
Marshall found, through subjective listening tewith a simulation system, that the degree of spatia
impression was maximised when the sound arrived sid to the listener and zero when the sound
arrived from the direction of the source. The testults showed a correlation with , Where
was the angle between the lateral reflection amdatkis through the ears. LF is generally measured
from impulse responses obtained using a cosindigure-of-8" microphone (to measure the lateral
energy) in conjunction with an omnidirectional naphone (to measure the total energy) (5).

1)

where is the impulse response signal measured with ardigpf-8 microphone, is the
signal measured with an omnidirectional microphamne the null of the figure-of-8 microphone is
pointed towards the source.
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Recent measurements in a 2300 seat hall using iffeseht acoustic measurement systems showed
quite different values of LF for the same sourceeieer locations. Some years ago, laboratory
validation of a commercially available reverberatibime measurement system revealed a 10% error
due to a software oversight. These experiences fleachuthors to devise a method for laboratory
validation of LF measurement systems. The authoopgsed that a known physical relationship
should be set up and measured to confirm that getem is measuring the correct LF values.

2. METHODOLOGY

2.1 Concept

The technique to validate measurements of lateaaition involved simulating a series of simple
sound fields consisting of the direct sound andirgle reflection in an anechoic chamber. The
reflection was varied in angle and level, and timewn or calculated LF values were compared to
values measured with different room acoustics mesasant systems. Two commercially available
measurement systems were tested.

2.2 Sound Field Simulation Setup

The simulations were conducted in the anechoic dtdarat the Acoustics Centre of The University
of Auckland. This room is fully isolated with inteal dimensions of 5 m x 5 m x 5 m (wedge-tip to
wedge-tip), and an acoustically transparent wirshrf#oor is suspended above the wedges at the base
of the chamber.

Two identical loudspeakers, Tapco S5 studio mosjtarere placed inside the chamber to simulate
the direct sound and a reflection, as shown in FEdu These were placed at a height of 0.7 m above
the mesh floor and at a distance of 2.4 m fromrdmiver position. The first loudspeaker (labelled
“Direct Sound”) was fixed at the O degrees positand the second (“Reflection”™) was placed at
different angles as shown in the figure. The ides W generate the direct sound at O degrees and a
single reflection at angles of 0, 15, 30, 45, 6@ and 90 degrees. At each angle the reflectionseas
to arrive 40 ms after the direct sound, and atlkewé-3 dB and -6 dB relative to the direct souenkl.

The delay time and the reflection level were choasrihey are typical of early reflections in a real
concert hall.

A sound field simulator was responsible for drivitige two loudspeakers in real time. This
consisted of a USB audio interface (RME FirefaceXYJEonnected to a computer running Adobe
Audition software. The simulator accepted the mootput from the measurement system under test
and routed this directly to the direct sound lowssper. A copy of this signal was delayed and
attenuated before being sent to the reflection $padker. Note that for the O degree reflection, the
delayed signal was played back through the direahd loudspeaker.

A total of 14 measurements were conducted for egsbhem under test; 7 reflection angles and 2
reflection levels.
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Figure 1 — LF sound field simulation setup in theehoic chamber
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2.3 Calculated LF

The actual LFvalue of each sound field simulation was calculatesing a combination ¢
theaetical and experimental da This process measures the actual levels from eaalispeaker ¢
the measurement position and then calculates thigaséd on the knowlevel andreflection angle as
described below:

1. For each differensound field configuration a referenpressurenicrophone (Bruel & Kjae
Type 4007) was placedt thereceiver position and the impulse response wasrdecb The
excitation signal was a logaritlically swept sine signal of 10 secorfdsm 20 Hz to 20 kH,
followed by a short silen. The recording was conducted using a MOTU 4pre Addbe
Audition software, and¢onverted to an impulse respo using custom software routin

2. The resultingbroadban pressure impulse response signal was dividéa two segmen of
40 ms in lengthone encapsulating the direct sd, and the other encapsulating the reflec.

3. The RMS levels of thdirect sound and reflectii were calculated ifour octave band<125,
250, 500 and 1000 Hz.

4. The LF was calculateh each ban by:

‘ $ & 2)
g :
$ $
where and are the RMS levels in band for the direct sound and reflectic

respectively. The angle is the reflection angle relative to the directrsin degrees. The single
number value for thealculate! LF is the arithmeti@average of the four bands ab, as defined by
ISO 3382-1:2009 (5).
This procedure was repeated for every chanconfiguration of the sound field a measurement
system under test.

2.4 IRIS System

The first system to be tested was IRIS, an integrehardware and software room acous
measurement system dewpéd by Marshall DaAcoustics (6).

IRIS is distinctivein that it can measure impulse responses -D. IRIS utilises a compac
tetrahedralmicrophone array, a Core Sound TetraMic (Figurt which is able to resolve incomir
sound in terms of level, time and directi The microphone array interfaces to a running the IRIS
software via a MOTU 4préelhe 4pre is also used for playing back the stimu

Figure 2 —The IRIS microphone array, a Core Sound Tetra

The directionahbility of IRIS means it igelatively straightforward to calculate LThe output of
the microphone array, after p-processing, is a coincident set virtual microphone pattern— a
pressure microphon@mnidirectional patteri and three velocity microphones (fig-of-8 pattern)
arranged in the X, Y and Z directic. In Ambisonics this is known as first orde-format. From these
signals it is possible to derive the outpof any simple microphone pattern in any direction. le
case of LF two signals arequire(, the signafrom an omnidirectional microphone and the sigmairf
a figure-of8 microphone in the lateral directi

IRIS has twaadvantages over the traditiordualmicrophone LF measurement technis. First, a
user does not need to be concerned with matchiacsensitivities of multiple microphoneThe
TetraMic is calibrated byhe manufacturer and this data is ta into account in the IRIS softwe.
Second, there is no need fecuratelyaiming the TetraMi@s long as it is in the upright posit. The
software indentifies the direction of the direct sol using a sound intensity technic, and then
synthesises a horizontal figuod-8 microphone with the null ithe direction of the direct sou.
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The IRIS system was configured to output a logamittally swept swine stimulus of 10 seconds,
from 20 Hz to 20 kHz, followed by a short periodsience. The microphone array was placed in an
upright position with its X-axis pointing approxitedy towards the direct sound loudspeaker. A
photograph of the microphone array in the simulaggstem is shown in Figure 3 below.

Figure 3 — The IRIS microphone array set up ingimeulation system

25 System 2

A more traditional acoustic measurement systemgudimal microphones for measuring LF was
also tested. This consisted of commercially avadélabcoustic measurement software with two
commonly used microphone arrangements. For thegs@gof this paper, the software will be referred
to as “System 2".

The first microphone arrangement consisted of anidirectional microphone (Briel & Kjeer Type
4007) coupled with a figure-of-8 microphone (AKG IZUB-ULS). A photograph of this combination
is shown below in Figure 4. The second arrangemisetl a single switchable pattern microphone
(AKG C414 B-ULS) to record the omnidirectional afiigure-of-8 signals in a dual-pass measurement.
System 2 was set up to play back a similar loganitially swept sine excitation signal to the IRIS
system, in terms of frequency range and duration.

o Wy

Figure 4 — The first microphone arrangement forst®yn 2”; a Briel & Kjeer Type 4007 pressure
microphone (top) with an AKG C414 B-ULS microphoset to a figure-of-8 pattern (bottom). This is
setup in a reverberation chamber at The Universitiuckland for a calibration measurement.

The sensitivities of the microphones, for both agaments, were matched using a diffuse field
calibration method. One of the reverberation chamla¢ the Acoustics Centre of The University of
Auckland was used for this purpose (see FigureT4jis room has a volume of 202%nand a
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reverberation time)¢,. ) of 6.9 seconds. A total of six measurements wameducted for each
microphone configuration, using two source posisiand three receiver positions. The stimulus was a
full range (20 Hz to 20 kHz) logarithmically swegite signal of sufficiently long duration to captur
all the decaying components in the space, playell tamough a Tapco S5 studio monitor loudspeaker.
System 2 provided the functionality to process ¢hesffuse field measurements and apply the
resulting calibration data to subsequent measuré&men

3. RESULTS

3.1 IRIS System Results

Table 1 gives a summary of the results of the IRKS. The LF values are given as single numbers
(average of the four octave bands from 125 HzKkbl2), for each angle and level of the reflectioheT
error columns give the difference between the membkand calculated values. Note that the error
values are calculated from the raw data, not thmded values as displayed in other columns of the
table.

The measured LF values are slightly lower thandaleulated values, with a maximum absolute
error of 0.02 from the calculated values. This &lwithin the just-noticeable-difference (JND) for
LF of 0.05. The absolute error appears to incre@se increasing angle and level of the reflection.

Figure 5 plots the measured LF values against @afautated, for all angles and levels. The dashed
line corresponds to the calculated values and otid &ine gives the measured values. The measured
values track the calculated values closely, buiateslightly as the LF increases (i.e. with incieg
angle and level of reflection).

Table 1 — IRIS LF results compared to calculateldies

Reflection at -3 dB Reflection at -6 dB
Angle | Calculated LF| Measured LF| Error Calculated LF| Measured LF| Error

0 0.00 0.00 0.00 0.00 0.00 0.00
15 0.02 0.01 -0.01 0.01 0.01 0.00
30 0.08 0.06 -0.01 0.04 0.04 -0.01
45 0.15 0.14 -0.01 0.09 0.08 -0.01
60 0.22 0.21 -0.02 0.13 0.12 -0.01
75 0.28 0.27 -0.02 0.17 0.16 -0.01
90 0.31 0.28 -0.02 0.18 0.17 -0.01

Figure 5 — LF values measured with IRIS plottediagtacalculated values
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3.2 System 2 Results

The results for the test using the Briiel & Kjeer @407 (omnidirectional) and AKG C414 B-ULS
(figure-of-8) microphones with System 2 are givanTable 2. The maximum absolute error is 0.06,
just outside the JND of 0.05. The measured LF v@ahre plotted against the calculated LF values in
Figure 6 below (trace labelled “B&K + AKG").

Table 2 — System 2 LF results using Briel & Kjeendy007 with AKG C414 B-ULS

Reflection at -3 dB Reflection at -6 dB
Angle | Calculated LF| Measured LF| Error Calculated LF| Measured LF| Error

0 0.00 0.00 0.00 0.00 0.00 0.00
15 0.02 0.02 0.00 0.01 0.01 0.00
30 0.08 0.07 -0.01 0.05 0.04 0.00
45 0.16 0.13 -0.03 0.09 0.08 -0.02
60 0.23 0.19 -0.04 0.14 0.12 -0.02
75 0.28 0.23 -0.06 0.17 0.14 -0.03
90 0.30 0.25 -0.06 0.18 0.15 -0.03

The results for the test with the single AKG C414JBS microphone and switching directivity
patterns in a two-pass measurement are listed lieTZ& The maximum absolute error is 0.04, just
within the JND. These results are also plottediguFe 6 (trace labelled “AKG”).
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Figure 6 — LF values measured with System 2 plaitginst calculated values

Table 3 — System 2 LF results using AKG C414 B-lWL8 two-pass measurement

Reflection at -3 dB

Reflection at -6 dB

Angle | Calculated LF| Measured LF| Error Calculated LF| Measured LF| Error

0 0.00 0.01 0.01 0.00 0.01 0.01
15 0.02 0.02 0.00 0.01 0.02 0.01
30 0.08 0.07 -0.01 0.05 0.05 0.00
45 0.16 0.14 -0.02 0.09 0.08 -0.01
60 0.23 0.20 -0.03 0.14 0.12 -0.02
75 0.28 0.25 -0.03 0.17 0.14 -0.02
90 0.30 0.26 -0.04 0.18 0.15 -0.02
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4. DISCUSSION

For each test, the measured LF values appear tmrah relatively straight line when plotted
against the calculated values, as seen in Figusesl®%. The line slopes vary with each test.

In each experiment the measured LF values equalaltellated values for a calculated LF of 0. The
attenuation at the figure-of-8 null is significang. for a reflection at angle +. , /+.0 + .
This would have more of an effect on the resulesitmismatched microphone sensitivities. At 90° the
figure-of-8 microphone is at its maximum sensityvénd any errors in the matching of microphone
sensitivities would be more noticeable here. Irsthiay, the slope of the line would be partly
determined by how well matched the two microphoares

The excellent results from the IRIS system implg ffretraMic has been well calibrated by the
manufacturer.

The different microphone combinations with Systemi€d slightly poorer results than the IRIS
system, but still very good. The difference in résietween the two microphone arrangements for
System 2 is probably related to the physical sgpahfeach arrangement. Using the single AKG
microphone and switching patterns in a two-passsmesment would result in a more coincident set of
signals compared to two different microphones pdlacdlese together. As expected, the results from the
single AKG microphone are slightly closer to théccdated values. The downside is that a two-pass
measurement takes twice as long to complete.

The fact that each curve in Figures 5 and 6 is mattaight implies the geometrical setup of the
simulation system and the directional responseb®imicrophones were mostly correct.

In practice, using a reverberation chamber to m#tehmicrophone sensitivities (System 2) is not
always feasible and a more common approach is timpe an in-situ free field calibration. It would
seem that this is more susceptible to errors thdiffase field calibration, but this was not tested

The validation procedure discussed in this papeguires the use of an anechoic room, which may
not be accessible to some practitioners and reBeescFurther work is necessary to consider hosv thi
might be developed into a more practical procedaraise in the field.

5. CONCLUSIONS

This paper has described a technique to validatesorements of the early lateral energy fraction
using simulated sound fields. The calculated valogésach sound field were compared to the
measured values to assess the LF performance ofméasurement system under test. Two
commercially available measurement systems wertedesThe IRIS system, which uses a 3-D
microphone array, was able to measure LF accuratgithin half a JND of the calculated values.
Another commercially available system, which uses microphones to measure LF, was also tested.
This system also gave good results which were magthin one JND of the calculated values.
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