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ABSTRACT

The performance of a public address system for a road tunnel is currently specified in project documents in terms of the re-
quired Speech Transmission Index ( STI ) (Typically 0.5 or greater in line with AS1670.4 ) to be delivered throughout the
tunnel in the presence of substantial background noise. The derivation of a guaranteed level of performance from a loud-
speaker system in such an environment requires precise data defining the tunnel’s acoustic properties and physical proper-
ties as well as loudspeaker acoustic data and physical dimensions. Commission testing is commonly performed using one
of the currently available systems compliant with IEC 60268-16, such as the NTi Audio’XL2* & ‘Talkbox’ system. This
paper aims to evaluate the quality of outcomes derived from existing design approaches using currently available software
such as Ease 4.3, Easera 1.1 and an NTi Audio XL2 Analyzer system. Tests were conducted entirely within the software
platforms. The results show that reliability of tunnel acoustic calculations, in particular, reverberation time, is not good.
Substantial variations can be attributed to (a) challenges in dimensioning software models, (b) challenges in obtaining suf-
ficiently accurate absorption coefficients whether approximated or measured ( ¢ ) challenges in obtaining reliable test data
on real, completed, tunnels. Challenges were also encountered in obtaining certifiable octave band noise data, which, when
coupled with unreliable reverberation time calculations, further reduced the reliability of Loudspeaker system performance
calculations. The hostility of the acoustic environment in the tunnels under investigation was dictated by non-negotiable
material choices thereby further limiting the designer’s choice of a suitable device. Substantial differences were found in
the relative merits of different loudspeakers and system topographies. The requirement for a flat frequency response was
found to be somewhat subjective in nature given the high priority requirement to achieve a minimum STI reading accord-

ing to a test system using STIpa audio signals.
INTRODUCTION

Public road tunnels and bus-way tunnels are increasing in
number throughout the Brisbane Metropolitan and CBD areas
for road traffic congestion relief and public transport im-
provement. The Clem 7, Northern Bus-way and Airport Link
tunnels have been and are being constructed under the stew-
ardship of UGL Limited who provided drawings and fan
noise information to the author. Tunnel construction methods

are usually cut and cover for shallow depths and mined tun-
nels for tunnels set at greater depths. Construction materials
are typically concrete, asphalt & steel. Length varies from a
few hundred metres to several Kilometres.

Figure 1, Brisbane’s Clem 7 tunnel

Fittings include axial fans, cable trays, lights, guard rails,
water deluge pipes and loudspeakers.
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Project managers are typically keen to minimise price by
using smaller loudspeakers at increased separation, in clusters
if possible to minimise cable requirements. Construction
materials are selected for durability and minimal recurring
maintenance costs. The pre-cast concrete crash barriers for
example, are fitted with so called “architectural features”
which appear to be galvanised steel framed walls. The manu-
facturer's data on the surface sheeting shows it is steel with
vitreous enamel finish. The absorption coefficients of this
product are unknown in precise terms but extremely unlikely
to assist the sound system designer. The construction materi-
als are selected for civil, structural, architectural and possibly
lighting criteria well in advance of any input from any acous-
tician and remain fixed regardless of acoustic impact.

Specifications may call for a Speech Transmission Index
(STI) of 0.5 or greater in the presence of 85 dB (A) noise or
greater. Loudspeaker system design has typically done using
Ease, Catt or Odeon style 3D modeling programs often done
by loudspeaker manufacturers technical specialist staff on
pro-bono basis. Outcomes appear to be as variable as the
number of design sources with few examples of fully compli-
ant installations to be found. The design process involves the
creation of a 3D model of the enclosed space which replicates
the acoustic nature of the tunnel and populating the structure
with loudspeakers selected for their acoustic output & direc-
tivity from the range available to the designer (often those
manufactured by the designers employer). The software then
calculates the quality of sound produced and displays it either
on a calculation plane or ‘audience area’ or in more detail
form at a particular single point or listener seat placed by the
designer for the purpose of the test. Budget level packages of
the generic kind of software packages used for this purpose
use statistical calculations to derive the outcomes. That is —
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they consider all absorption evenly distributed over the entire
surface of the model, the reverberant field is considered
evenly distributed, specula reflections are not included and
late arrivals not well catered for. [3]

EASE (Enhanced Acoustic Software for Engineers) software,
with all available options, has been used by the author since
2000 and is used extensively throughout the investigations
presented in this paper. There is no reason for the choice
other than the author’s familiarity with the software and a
number of other analysis and measurement packages from the
same source. The inclusion of high level background noise
in the calculations in EASE is best done by either using the
hybrid ray trace engine ‘AURA’ to derive the STI outcome
and add the noise via a table or by deriving an impulse re-
sponse and exporting that to an analysis package, Easera,
where the noise can be added from an Octave band table.
Another option available to the designer is to derive the im-
pulse response of the sound system in the tunnel and con-
volve the STIpa test signal through the Impulse response to
produce a simulation of the test signal from the loudspeakers
at the test location in the model. This simulation can be
played directly into the STIpa analyser or mixed with a re-
corded or simulated noise signal at the correct signal to noise
ratio and measured directly by the analyser.

All of the modeling and design process presumes that all the
input parameters are correct and optimised as necessary. That
is — the model accurately reflects the real world acoustic con-
ditions and physical dimensions, the loudspeaker locations
are compatible with the building, the calculation parameters
have been correctly set and the noise spectra accurately im-
posed. The quality of the outcome then depends on the de-
signer’s ability to select the most appropriate loudspeaker,
loudspeaker spacing and location as well as appropriate time
delay or signal processing. [3]

Reverberation, noise and late discreet arrivals from other
loudspeakers all reduce the modulation depth in the received
signal and high sound pressure levels reduce the intelligibility
rating to reflect the human ear’s natural reaction to loud
sound.

Taking these factors individually:- The reverberant level,
which related directly to the direct / reverberant ratio at any
point in the space, is related not only to the tunnel’s acoustic
behavior but also to the number of loudspeakers and the di-
rectivity of each which means selection of loudspeaker and
layout is critical. [3] [2] Noise is generated by large axial
fans and road traffic. The noise level also depends on the
tunnels acoustic behavior. The location of discreet arrivals
from loudspeakers at a distance from the one nearest the lis-
tener on the temporal scale has a marked effect on clarity
measures such as C35 and C 50 and depends on the designers
attention to signal processing detail. [3] Finally, the STT test
includes seven octave bands from 125 Hz to 8 KHz which
implies fidelity, or frequency response, is a serious matter
depending on choice of loudspeaker and signal processing.

[6]

The topic covers a very wide range of technical disciplines
each of which have been addressed, and continue to be ad-
dressed, by authors focussed on the individual subject. In
keeping with the paper's title - “Practical considerations ...”
none of the various disciplines are discussed in great detail
but rather examples of the work method are provided. Test
results from various software and hardware test systems are
provided throughout with descriptions of the process used.
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THE STI AND STlpa TEST

The STI and STIpa test is defined in IEC 60268-16, third
edition 2003-05 The full STI test requires the measurement
of modulation transfer indices at 14 frequencies from 0.63 Hz
to 12.5 Hz in seven octave bands from 125 Hz to 8 KHz. The
STIpa test applies only two modulating signals to each octave
carrier so the simultaneous measurement can be made in
typically 10 to 15 seconds. [6]

IEC 60268-16 defines numerous measurement regimes such
as masking, octave weighting and redundancy factors which
are not within the scope of this investigation. The document
also describes differences between male and female voice
signals (the female voice test excludes the 125 Hz octave)
which are not considered individually in this text.

An STIpa test signal generator produces a test signal that
embodies half octave wide ‘noise’ spectra set at octave band
centres from 125 Hz to 8,000 Hz. Figure 2 shows the spec-
trum produced by an NTi Audio MR-PRO set to generate the
STIpa signal. The gaps in the spectrum are a deliberately
included feature to assist in the design of effective filters in
the analyser device.

Figure 2. Easera SsTue Displa Spectra roduce y
STIpa test signal generator (NTi Audio MR-PRO)

The STI weighting for Sound Pressure Level (SPL) produced
by the NTi Audio, STIpa measuring system is shown in fig-
ure 3 below. The measurements were obtained by directly
linking the MR-PRO generator to the XL2 Analyzer with a
cable and adjusting the generator output to produce the SPL
rests at which the columns are centred. It shows that at high
SPL’s required to deliver a useful signal to noise ratio in a
noisy environment the intelligibility rating is substantially
reduced on account of the high SPL itself without beginning
to consider the detrimental effects of the background noise,
reverberation, distortion or any other interference

STl vs SPL in a perfect environment
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Figure 3. SPL vs STI reading.
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Figure 3 shows that a rapidly diminishing return can be ex-
pected when increasing sound pressure output from an an-
nouncement system to cater for high noise levels.

MODELLING THE TUNNEL

Computer limitations generate a desire to model only a por-
tion particularly of long tunnels - usually with both ends open
and modeled as totally absorbing surfaces. The sheer size,
number of surfaces and number of loudspeakers placed in the
model directly affect calculation time. For example a model
of one of the Northern Bus-way tunnels created by the author
is 600 m in length with 724 faces and 14 loudspeakers. It
takes approximately 1 minute for a modern Intel i7 processor
based computer to calculate and display a direct SPL plot on
a standard audience area using the simplest statistical calcula-
tions available. A comprehensive ray Trace routine may take
more than 5 days. Testing a full replica of a long road tunnel
can be challenging. The author has been made aware of sys-
tem designs based on tunnel models less than 200m in length.

The first item of interest in producing an accurate acoustic
replica of the real tunnel is the calculation of the correct re-
verberation time. Long reverberation times in excess of 3
seconds present increasingly challenging environments for
loudspeaker system designers on two fronts: - (a) The rever-
berant sound pressure level behaves as noise thereby reduc-
ing the signal to noise ratio presented to the listener and (b)
The total noise level produced by a noise source such as a fan
is elevated by natural reinforcement. Long reverberation
times reduce the direct to reverberant ratio and elevate fan
and traffic noise further reducing signal / noise ratio which in
turn requires higher sound pressure levels from the loud-
speakers which of itself reduces the intelligibility again.

The effect of modeling only a sample length of tunnel skews
the reverberation time calculation when the ends of the tunnel
are assigned ‘absorber’ properties. The cross section area of
the open end remains constant regardless of tunnel length so
a shortened tunnel embodies an incorrect ratio of end area
(total absorption) to wall area (highly reflective). The effect
of increasing the proportion of surface area occupied by the
ends depends on the ratio of the area of cross section to tun-
nel length. All reverberation time calculations used to pro-
duce the graphs showing reverberation time vs tunnel length
and wall absorption coefficient were derived using the Eyring
formula provided in the Ease software package. That is: - a
model of 50m in length of each of the three tunnel cross sec-
tions described was constructed and the length altered in
logarithmic steps from 50m through 63,80, 100, 125, 160m
up to 20,000m. The author is aware that the Sabine formula is
generally recommended for rooms with mainly hard surfaces.
[9] The difference between Eyring and Sabine formula out-
comes was tested and found to be of the order of 3.43 vs 3.57
s in a 50m long public road tunnel and a similarly insignifi-
cant difference at 20,000 m. The author chose to use the Ey-
ring formula throughout because it is likely to produce the
most accurate outcomes for short tunnel lengths without
compromising the accuracy of the outcome in long tunnels.

The reason for the erroneous outcomes produced by abbrevi-
ated tunnel lengths is demonstrated in figure 4 which shows
the ratio of surface area of tunnel end to total surface area for
the three tunnel sizes used in this document.
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Figure 4. Graph showing proportion of total tunnel surface
occupied by ends vs. length in metres for three tunnel sizes.

Typically a model of a tunnel is created using absorption
coefficients for concrete and similar materials taken from a
database provided by the software authors. Coefficients as
low as 0.01 and 0.02 are shown in the generic dataset. Other
construction materials used in tunnels are not much more
friendly — vitreous enameled steel for instance as used on the
architectural feature. It should also be noted that the figures
for smooth concrete are most likely natural concrete. Painted
concrete, which is used extensively in tunnel construction, is
likely to exhibit even lower absorption across the spectrum.
Absorption coefficients are usually measured in reverberation
chambers constructed of smooth concrete. Measuring the
behavior of vitreous enameled steel in such a space can
hardly be assigned high levels of reliability given the prob-
ability that the material under test has similar to, or lower
absorption coefficients than the materials comprising the test
chamber itself.

Figure 5 shows the effect of wall absorption coefficient vs.
reverberation time in a 2,000 m long road tunnel with a
200m2 cross section modeled with ‘absorber’ or 100% ab-
sorbing ends.
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Figure 5. Reverberation Time vs. wall absorption coefficient
in increments of 0.005 from .005 to 0.2

The reader’s attention is drawn to the steep nature of the
curve in the region of absorption coefficients in the order of
smooth concrete (0.01 to 0.02). Reverberation times in the
order of 20 seconds have been reported by others [7] who
were able to test a real tunnel thereby adding credence to the
graph in figure 5. The point of interest here is that it is ex-
tremely unlikely that highly accurate predictions can be made
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regarding the reverberation time of such a tunnel unless ab-
sorption coefficient data, which is accurate to at least three
decimal places, becomes available. Given that such data is
impractical or impossible to collect it is not possible to verify
the precise shape of this portion of the graph by measure-
ment.

The author is aware of at least one paper which tests the ac-
curacy of calculations derived from software models against
measured outcomes positively. In the paper known to the
author tunnel lengths of 200 metres and less were tested.
Under these conditions the open ends of the tunnel are the
dominant sound absorbers thereby providing reliability to
reverberation time calculations and the following calcula-
tions.

The combined effects of variable or inaccurate absorption
coefficient data and incorrect tunnel length are as shown in
graphical form in figure 6. The legend is repeated here for
clarity — Black = road tunnel, Red = Bus Tunnel, Blue =
Egress Tunnel & Green = Egress Tunnel reverberation vs.
length with .05 alpha value. (Compressed Clay Brick) Note
that the effects of the open ends are significantly diminished
when a degree of sound absorption approaching that of com-
pressed clay brick construction is applied. An unpainted con-
crete block wall in an egress tunnel would deliver a much
less hostile loudspeaker system design environment. The
same condition would apply in amplified form in a large
tunnel.
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Figure 6. Combined effects of changes in length of tunnel
and absorption coefficient.

The nature of utilisation of road and bus tunnels is such that it
is almost impossible to obtain traffic free time in which
meaningful acoustic tests might be undertaken using impulse
or loudspeaker (dodecahedron) style reverberation measure-
ments. Reliable data of any kind describing road tunnel
acoustic ambience is not often available to sound system
designers.

NOISE DATA

Table 1 replicates a data set provided in good faith by a tun-
nel construction team member for use in calculating a loud-
speaker systems performance and ability to deliver an accept-
able STI in the presence of fan noise. The original measure-
ments seem to have been made in a factory shed of some kind
and then converted to “free space” using an unknown for-
mula. The data was used at the clients insistence and is pre-
sented and used in the calculations in this paper in order to
illustrate the outcome it produced in the modeling process. It
is not presented as factual data to be relied upon by others.
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Corrected for

Octave In Shed Free Field
63 Hz 80.1 78.4
125 Hz 81.1 81

250 Hz 85.6 86.6
500 Hz 77.4 78.8
1,000 Hz 79.5 78.2
2,000 Hz 78.9 78.5
4,000 Hz 75 75.2
8,000 Hz 70.1 71.8

Table 1. Noise data from unknown author showing octave
band noise levels for a typical axial fan

The conclusion reached by the author is that shortening
model tunnel lengths to accommodate computer resource
constraints, surface material information of insufficient accu-
racy and lack of reliable noise level data can conspire to pro-
duce a highly unreliable design environment.

SYSTEM TOPOGRAPHY

There is a wide range of system topography options available
to the loudspeaker system designer. Simple distributed sys-
tems comprised of individual loudspeakers, distributed clus-
ters of loudspeakers and sequentially delayed arrangements
all have been utilised. Critical parameters include (a) Loud-
speaker performance (b) distance from loudspeaker to lis-
tener ( ¢) number of loudspeakers.

The simple distributed system using individual loudspeakers
without signal delay processing has application in egress
tunnels where the loudspeaker to listener distance can be
managed and kept quite short. In such cases the direct sound
path length can be kept short enough to ensure the direct
sound pressure level is quite high compared to the reverber-
ant sound pressure level. Further, the short distance from
loudspeaker to listener means that quite low sound pressure
levels from the loudspeaker will generate useful sound pres-
sure levels for the listener. For example small loudspeakers
generating 90 dB (A) @ 1.0m in a distributed system with
5.0m spacing and 1.2m above the listeners head will produce
approximately 84 dB (A) near the mid point between loud-
speakers. A similarly simple situation (isotropic loudspeak-
ers) in a large tunnel with 40m loudspeaker spacing requires
approximately 108 dB (A) @ 1.0m for the same listener
level. The dense spacing in a small tunnel thereby requires a
lower total acoustic power to deliver 85 dB (A) to the listener
thereby generating a lower level of reverberant energy for the
same listener sound pressure level. The relationship is gov-
erned to a degree by the inverse square law in that the direct
sound increases by 6 dB when the distance to listener is
halved but the reverberant field strength only increases by 3
dB with every doubling of the number of loudspeakers. This
means in effect that the designer can always make gains in
intelligibility by increasing the number of loudspeakers pro-
vided that when doubling the number of loudspeakers the
distance from loudspeaker to farthest direct field listener is
halved.

One seldom considered aspect of system design however, is
the aggregated effect of multiple direct sound arrivals. Loud-
speaker spacing has a very direct bearing on the interval be-
tween arrivals of loudspeaker sound at increasing distance
from the listener. The effect of loudspeaker spacing was
tested in an anechoic model dimensioned for an egress tunnel
3.0m (H) * 2.8m (W) * 100m (L). Isotropic loudspeakers
(spheres) were set at 2.95-m height and listening points at
1.7m for a standing human. One listening directly below a
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loudspeaker at or very near the centre of the ‘tunnel’ and
another set at the halfway point between two loudspeakers.
Ease software allows the user to collect a sample impulse
response from individual locations, in this case seat 1, di-
rectly below the central loudspeaker, and seat 2, centrally
located between the two loudspeakers nearest the centre.
Figure 7 shows a graph from the software displaying the
direct sound arrivals from one of a sequence of tests under-
taken for this document. The software also provides an option
to export the impulse response in a number of forms includ-
ing a 44.1 KHz sample rate *.wav file, Binaural Impulse
response (BIR) and several other options. The exported file
can then be imported into the analysis package ‘Easera’.

SPL ws. Delay at 1000 Hz
Level [dEB]

&0

&5

&0

F45

51932
52: 931 F40
53 915
54 638
55 532 i
SE 45 e
57 343
55 233

55116 20
Sl — T T T T T T T T T

0 100 200 300 400 500 600 70O 800 900 1000

Delay [ms] after 640.447 ms
[c] EASE 4.3 /23/08/2011 5:02:49 PM / Scientific Acoustics Peter J Patrick

Figure 7. Ease Probe Display of direct arrivals at a listener
seat

The Easera software package calculates STI and a number of
variants from the impulse response.

Figure 8 shows the calculated STI results for various loud-
speaker spacing for both the seat below the central loud-
speaker (seat 1) and the mid point listener (Seat 2). This
convention is used for anechoic and echoic tunnel test meas-
urements throughout this paper.
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. Figure 8. Loudspeaker spacing vs. STI in anechoic envi-
ronment — isotropic radiators

The roll off in STI calculated for the mid-point between loud-
speakers with increasing spacing relates to the strength of
first arrivals compared to later arrivals from loudspeakers
10m more distant in sequence. The increase in STI value with
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increased spacing for the seat directly below the central loud-
speaker relates simply to the increasing ratio of direct sound
from this loudspeaker to the direct sound pressure from in-
creasingly more distant ‘next’ loudspeakers. It is proposed
that the point where the two graphs cross (4.5) is the opti-
mum spacing for the physical conditions in the model. That
is, with loudspeakers set on a 3.0m high ceiling for a standing
listener. In this case the STI delivered to the listener is the
most evenly distributed and of the highest order.

Figure 9 however, shows that the back to back arrangement
produces increasingly worse outcomes as spacing is in-
creased and which shows a tendency for divergence between
the S1 and S2 graphs at extended distances.
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Figure 9. STI Vs Loudspeaker intervals - back to back horn
speakers.

ECHO CRITERIA

Another measure of sound quality is the Echo Criteria devel-
oped by Dietsch and Kraak and implemented in the Easera
analysis package. [1], [5], [8]

Figure 10 shows the graphed outcomes for isotropic radiators
and double spaced back to back horns. It shows that double-
spaced horns in back to back configuration (Black curve)
produce increasingly distinct echoes between loudspeakers at
distances greater than 14 metres.
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Figure 10. Echo Criteria vs. Loudspeaker spacing
ECHOIC EGRESS TUNNEL TEST

A 500m long egress tunnel model was assigned absorption
values of 0.02 for all walls, ceiling and floor. The ends were
assigned absorber values or 100% absorption, which gave a 1
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KHz reverberation time of approximately 5.0 seconds. Two
loudspeaker systems were assessed using a hybrid ray trace
routine. The systems tested were (a) Commonly used horn
speakers set back to back 10.0 metres apart and (b) Com-
monly available indoor/outdoor cabinet loudspeakers with a
cone driver and dome tweeter individually placed and set at
5.0m spacing. The listener seats were placed (a) directly be-
low a pair of horns or single cabinet (Seat 1) and at the half-
way point between loudspeaker mounting points. (Seat 2)

The STI outcomes for all four combinations are shown over-
laid in figure 11. (Upper traces cabinet speakers @ 5.0m
centres, lower traces horn speakers @ 10m centres) The re-
stricted fidelity of the horn speakers (a) prevents the 125 Hz
octave being heard and therefore restricts the real world intel-
ligibility for the male voice [6] (b) renders calculations for
horn speaker’s invalid below 200Hz. Figure 12 shows the
centre time outcomes for the 10m spaced horn speaker pairs
is the major cause of poor performance [8] compared to the
5.0m spaced cabinet speakers which deliver the shorter centre
times.

The Y axis of figure 11 is displayed as mili units or 300 thou-
sandths of a unit to 560 thousandths of a unit which means
STI values from 0.3 to 0.56 on a scale of 0 to 1.0

The X axis of figures 11 and 12 are scaled from approxi-

mately 100 Hz to 15 KHz in the frequency domain. The Y

axis of figure 12 extends from approximately 40 to 260 ms.
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ROAD TUNNEL SYSTEM TESTS

Road Traffic Tunnel loudspeaker system tests for an anechoic
environment were conducted in three main arrangements. (1)
All loudspeakers facing the same direction set at 20m inter-
vals (2) Loudspeakers set in clusters of two facing in opposite
directions with the clusters set at 40m intervals (3) All loud-
speakers facing the same direction at 40m intervals with a
sequential delay time of 118ms. Six loudspeaker types were
tested (a) Isotropic radiators or ‘spheres’, (b) Small Horn
speakers approx. 15cm diameter ( ¢ ) medium size horn
speakers approx. 35cm diameter (d) Large horn speakers
approximately 50cm diameter (e) premium horn speakers
approx. 60cm diameter (f) Loudspeakers set on an Infinite
boundary producing no dispersion to the rear.

The convention used for egress tunnel calculations was con-
tinued with seat 1 directly below a loudspeaker or cluster
near the half way point in the tunnel and seat 2 at the mid
point from seat 1 to the next loudspeaker. The road tunnel
model was 1,050m in length, 10.0m in height and 20.0 m in
width with loudspeakers set on the ceiling. All loudspeakers
were set at a down-tilt of 10 degrees in all tests.

The first set of tests were derived by saving the direct arrivals
from all loudspeakers at each seat as a *.wav file then open-
ing the file in Easera where the system performance was
calculated in complete absence of consideration for signal to
noise, sound pressure level or frequency response. The loud-
speaker system temporal behavior and loudspeaker directivity
are the determining factors. The results are given in Table 2

The sequential delay system offers a clear advantage when
the delay time is critically adjusted and high directivity loud-
speakers used. Where non-directional loudspeakers are used
the sequential delay actually degrades performance. The ul-
timate performance is obtained from a sequential delay sys-
tem when the loudspeaker has an infinite front to back ratio.

Sl Medum | Lage | Premium|  Infinite

§§ Srees e | roms | toms | Homs | By
;; EdoQieiaSetl| 115 | 18 | 13 | 1% | 116 | o
So|eoaimasetz| 12 | 17 | 13 | 13 | 1 | 15
% ST St 1 0653 | o068 | o537 | osa | osm [ om
B |snsm2 075 | o064 | 068 | 0m8 | 052 | oo
8% |caweTnesetl | 50 | ems | uavs | ues | uss | 3ns

CertreTimeSeet 2 | 37s 60ns 898 Brs Hns 4ins

>
el sl | Medum | Lage | Prenium | Infirte
53 Hms | Hms | Homs | Homs | Bourdayj
So

c
é 2 |EdhoQiteiaSeat1| 214 275 252 2% 207 165
o5 |EoQieasm2| 2% | 34 | 2% | 2@ | 2% | 23
% § STl Seat 1 0.862 0737 071 069 0.646 0.872
ﬁ-_)g STl Seet 2 Q77 0739 0635 0.636 0.76 075
% Q |CatreTimeSeatl [ 1is | 72vs | 12578 | 13Ms | 14408 [ 1818
—.E |CatreTimeSeat 2 | 4005 | %8 s | Sns | Savs | 4ns

e E Sreres Sl Medum | Large | Premium| Infinte
S3 Hms | Homs | Hms | Homs | Bouday
i é Echo Qiiteria Seat 1 292 38 2N 276 245 114
4 |EdoQiteiaszt2| 297 | 42 343 317 | 281 | 0%
§§ ST Sert 1 087 | o83 | 098 | ox | 0918 [ 0w3
§§ ST Seet 2 0576 0813 0878 088 0923 098
S g CartreTimeSeet1 | 45 | & | 25 | 25 | 17 | oms

CertreTimeSeet2 | 1081s | 4578 1978 16m8 13ms 1ins

Table 2. Table of results from anechoic loudspeaker system
tests for large road traffic tunnel.
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Five cases were selected for further examination by exporting
the direct arrival impulse response as an Ease Binaural Im-
pulse Response file. This type of file conveys sound pressure
level directly to Easera thereby permitting the introduction of
fan noise into the STI calculation. The Fan noise octave band
data for ‘free space’ from table 1 was transcribed into the
Easera STI Options data sheet along with the loudspeakers
calculated octave band SPL. All loudspeakers were set with
the same output SPL over the stated operating band: - 95 dB
lin. in each 1/3 octave band. The results are shown in Table 3
where it can be seen that that at seat 2 the premium horns
deliver an audible improvement in intelligibility.

20 m Back to
spaced ] back 40m
Medium | Medium | Medium | Large | Premium
Horns Horns Horns | Horns | Horns
STI Seat 1| 0.505 0.617 0.736 0.732 0.751
STI Seat 2| 0.533 0.595 0.686 0.698 0.758

118ms Sequential delay

Table 3. STI from anechoic tests with octave band noise

A second method was applied as a crosscheck. Binaural Im-
pulse Response files (BIR) were used in a process whereby
STIpa source signal from an NTi Audio MR-PRO was con-
volved through the BIR to produce a *.wav file of a kind
used for ‘auralisation’. The convolved signal was fed into an
NTi Audio XL2 Analyzer and the signal level adjusted for a
chosen level in dB (A). The STIpa measuring mode is then
selected and a reading obtained. The same convolved signal
was also mixed with a noise signal shaped according to the
‘free field’ column of table 1, to simulate a signal to noise
ratio chosen to simulate real conditions. The outcome is
shown in Table 4

20 m spaced medium horns
No Noise | No Noise XL2 | With Noise With Noise

Easera calc Meas Easera Calc XL2 Meas
STI Seat 1 0.587 0.57 0.505 S5*
STI Seat 2 0.608 0.57 0.533 S1*

40 m spaced Back to back medium horns
No Noise | No Noise XL2 | With Noise With Noise

Easera calc Meas Easera Calc XL2 Meas
STI Seat 1 0.71 0.64 0.617 ST7*
STI Seat2]  0.685 0.65 0.595 .61 *

40 m spaced sequential delay premium horns
No Noise | No Noise XL2 | With Noise With Noise

Easera calc Meas Easera Calc XL2 Meas
STI Seat 1 0.918 0.93 0.751 0.76 *
STI Seat2]  0.923 0.94 0.758 .86 *

* - readings obtained by adding signal and noise and adjusting total

level to ~ 70 dB(A)

Table 4. Comparison of results using both methods of deriv-
ing calculated STI

The correlation between methods is reasonable. The noise
loaded readings using the NTi Audio system required a total
signal + noise level of ~70 dB (A) at the input of the XL2.
Significant differences were found to relate to the NTI sys-
tems use of a continuous variable formula for STI vs SPL
whereas the Easera system utilised the formula from IEC
60268-16 Third Edition 2003 — 05 which is not continuous.

THE EFFECTS OF NOISE SOURCES

It is expected that the readings at seat 2, the mid point be-
tween loudspeakers, will suffer significant degradation in
consequence of degraded direct to reverberant sound level
ratio compared to seat 1, directly below a loudspeaker. The
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location of a noise source, such as a large axial fan, in the
region of seat 2, where the direct to reverberant ratio is de-
graded, will result in further degradation of an already chal-
lenged outcome. The location of fans therefore indicates a
requirement for a companion loudspeaker, placed within a
few metres of each fan.

TIME ALIGNMENT

The time alignment of the loudspeaker system for sequential
delays is a simple task when the tunnel follows a straight line.
Large radius curves however, present an increased level of
difficulty. The sum of all individual delays in a curved line of
loudspeakers in a replica of a real tunnel was approximately
537 ms. The direct path from first to last however, is 506ms.
Signal delay settings which satisfy Haas effect requirements
for a straight line of loudspeakers will incur an extra 31 ms
spread in arrival times at the destination loudspeaker which
in turn compromises the system STI. Careful alignment of
time delays is required to optimise STI outcomes.

LOUDSPEAKER FIDELITY

Figure 13 shows a frequency response plot from a commonly
used horn speaker derived by exporting the impulse response
from Ease into Easera. Here we can see firstly that the Ease
data was gathered from 1/3 Octave smoothed pink noise
bands because the response curve shape is unusually smooth
for a loudspeaker response resolved to 1/12™ Octave. It
shows however that the speaker response rolls off at ap-
proximately 24 dB / Octave below 200 Hz and that the HF
response rolls off by approximately 18 dB at 6 KHz. Manu-
facturers printed data for the same product in higher resolu-
tion shows a 30 dB change in output from a peak at around
1,600 Hz to a trough at around 8 KHz. The male voice STI
measure includes the 125 Hz and 8 KHz octave bands which
common horn speakers do not reproduce well at all. Further
the process of equalising a 30dB range in response in an elec-
tronic system generates extreme requirements on system
dynamic range.

Seat 2 plain horn_bir [1/2]
dBSPL Smoothed 1/12 (Full IR)
EE] [E]

99EHz E1kHz
77dBSPL E1.9dE

I5ma

=l

9kHz|
8BS

o]

o |

| 1 1 |
0.z 03 0405 07 2 3 45 B 79 10 kHz

[c) EASERA,

Figure 13. Easera Display of Frequency response of common
use horn speaker from Ease/ Easera IR Transfer

A frequency response which is flat within a few dB across
the register of interest and across the range of listening dis-
tances is simply undeliverable because:- (a) variations of
30dB if they exist, can not be equalised without over stress-
ing system dynamics and (b) the response changes with dis-
tance. Figure 14 shows a comparison of frequency response
measured at four set distances from the loudspeaker, for three
loudspeakers generically suitable for tunnel announcement
system installation.
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Equalising a frequency response aberration requires a deal of
averaging for a flat overall outcome at the octave band cen-
tres of interest
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Figure 14. Easera Display comparison of three loudspeaker
models used in tunnel announcement systems

CONCLUSIONS
The conclusions reached by this author are that: -

(a) The native behavior of any sound system topography
should be first proven in an anechoic environment be-
fore implementing in a tunnel environment.

(b) Each large, fixed noise source, should be complemented
with a nearby companion loudspeaker. to maximise sig-
nal to noise ratio. The distance between these compan-
ion loudspeakers should then form the basis for the rest
of the design so that the string of intermediate loud-
speakers is set at equidistant intervals between fans.

(c) Whilst the down-tilt of the loudspeakers was treated
arbitrarily in this document it is nonetheless a critical
feature to be optimised in any design to suit the height
of the loudspeaker and geometry of the tunnel

(d) Any model of a tunnel should include the full dimen-
sions, particularly tunnel length, wherever possible. The
reliability of calculations made relate to the proportion
of tunnel length modeled as shown in figures 4 & 6.
Significantly truncated tunnels will produce signifi-
cantly optimistic calculated outcomes.
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(e) It is unlikely that highly reliable calculations can be
made in the presence of the hostile acoustic environment
found in long tunnels as currently built. Calculations
based on structures composed of material data sets of in-
sufficient accuracy as described in figure 5 and associ-
ated text, are likely to render outcomes at substantial
variance with the final result.

(f) Computer resource restrictions remain a serious obstacle
to the derivation of detailed design work. The statistical
analysis calculation engines deliver reasonable out-
comes in a short space of time for plain distributed sys-
tems but can not accommodate a sequential delay sys-
tem. Detailed analysis of sequential delay systems may
take months to conclude using common ray trace tech-
nology. Computer cloud systems where a subscriber up-
loads a model to a large networked computer system
may be available in the near future.

(g) Time alignment of sequential delay systems must be
critically adjusted where road curvature is encountered.

(h) Loudspeaker selection should include examination of
frequency response to reconcile equalisation needs with
system dynamics and STI requirements. Equalisation
must be done by measuring at several locations.

In general it is unlikely that ‘good’ levels of intelligibility
will ever be delivered in a road tunnel audio system until
some measure of control over reverberation time is available.
The use of sound absorbing concrete, unpainted blockwork or
some similar product with absorption coefficients of the order
of 0.1 would add a significant measure of sabins to the quota
presently found, substantially improve the outcome, and im-
prove the reliability of the modeling process.
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