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1. INTRODUCTION.

Traditional building acoustics methods for determining measures oi a room's parameters do not give

a complete picture oi the acoustic environment. _A proven laptop computer based solution, part

oi the ARIA acoustic measurement system. uses a stationary pseudo-random white noise source

to determine speech transmission indices. These indices will be compared and contrasted with

other measured parameters such as clarity. definition, and early decay time, thereby illustrating the

desired flexibility of such a measurement system.

2. REVERBERATION TIME - THE TRADITIONAL MEASURE.

The most common building acoustics measure is reverberation time. Rm ' the time Interval tor

sound levels to linearly decay by 60 on when the room is excited by a sound source. Generally.

reverberation time is calculated as double the time taken to decay from -5 to -35 dB.

 

Figure 1 : Octave Bond Revcrheratien Time

Curves.

Such a simple measure whilst use'ul can only give an impression of the liveliness or reverberative

nature of a room - for normal speech to avoid blurring Rm should be between 1 to 1.3 seconds.

However, for highly reverberant rooms the reverberatinu part of the echogram may combine with

the direct sound to yield a iallacious result.
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3. MEASURES OF INTELLIGIBILITY

lntelligibility criterion are essential to truly characterise a room's acoustic performance when sound

is emitted in a room either directly or via an amplification system. Then. by virtue of a series of

reflections and reverberaticne, the listener‘s ear receives a less than perfect impression of the

original signal. With a 'very live' or highly reverberant room then the combined effect of

successive reverberations can be such to render sound unclear.

Hence different objective parameters have beensuggested to qualify a room's intelligibility.

3.1 Early Decay Time. C1erity end Definition.

Early decay time ( EDT ) is calculated on the first 10 dB of decay and can be argued to represent

the car's response to the acoustic decay of large signal levels. When compared with 3'... EDT will

give a measure of the early energy decay. Since EDT accounts for the direct sound and its first

reflection it is close to the subjective judgement of the listener.

Another obvious parameter to use is a ratio of the acoustic energy before a given time period to

the energy after that time. Essentially. the principle is the same - energy before a period is

considered useful and the energy after that time is considered either secondary or a nuisance.

Several times : 33. 35. 50, 80 and 95 milliseconds and two indices : clarity and definition have

been suggested for this purpose - D... the 50 milliseconds definition in conjunction with C3. the

so milliseconds clarity for music or with 0.. for speech with have been suggested

 

Clarity is “-
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Clarity will vary throughout an auditorium. and for music suggested limits are from -1 to 2 dB. In

practice values larger variations may be found and typical C“I clarity ranges are given below in :
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Whereas clarity is a Ibefore to after' ratio. an alternative has been suggested called definition.

which'is the ratio of the energy before a given time to the total energy. with the reference time

an Proc.I.O.A. Vol 14 Part 5 (i992)
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normally being chosen as 50 milliseconds.

[time

n... - —2— - %
[Ema "
0

Whilst clarity and definition indices undoubtably enhance the assessment of a room's intelligibility,
they are often unreliable and do not account for background noise.

3.2 Lechner Burger Signal to Noise Ratio.

Lochnar and Burger suggested an intelligibi tv ratio be used when the reverberation dominates the
original signal. This is based upon the pre ise that reverberated sound energy acts as a parasitic
noise source that perturb: the understanding of words transmitted on the direct path and its first
reflection. Up to 35 milliseconds. all the sound energy is considered useful. between 35 and 95
milliseconds it has a decreasing contribution and thereafter. the sound energy does not make any
contribution. The higher the ratio of the pre 95 milliseconds energy to the energy afterwards then
the more intelligible the speech. a"
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3.3 RAST1 and STI.

STI is an objective criteria used to characterise speech intelligibility. by accounting for all possible
causes of speech alteration other than non-linearity.

Any alteration in signal modulation can be expressed as a signal to noise ratio - the modulation
transfer function where the numerator is _the Fourier transform of the squared impulse response.

fh(r).e“" .12
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fhimm sum nu-

0

Each octave's signal to noise ratio can then be calculajeg as -

5mm - I Olog 17mm

and an average ratio is calculated after limiting the each frequency band's ratio to ; 15 as as  Proc.I.O.A. Vol 14 Part 5 (1992)
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Miami»)

Speech transmission indices are then calculated for each frequency band as below :

— SIN, o 1511.—
' so

Finally, STI. the Speech Transmission Index is calculated as a weighted sum of each "equech

band's transmission indices.

m_z,(wm.l
2! wk

STl can be used to determine the critical distance. d‘. at which point intelligibility deteriorates.
Typically, STI slowly decreases with distance until at d. the value becomes almost constant as
reflected sound dominates.

For a typical conference room with a between 0.1 and 0.4 than de normally lies between 15 to 20
metres.

The RASTI or Rapid Speech Transmission Index calculates similar objective measures of speech
clarity using a similar methodology as STI but is limited to the 500 Hz end 2 kHz octave bands -
these being the pertinent to normal speech. HASTI also limits all signal to noise ratios to 1; 15 dB
and the index is calculated as :

(7,45)
"'5'" so

 

Since this system has the capability to calculate both RASTI and STI than this facilitates
comparisons to be made with measurements from other dedicated systems with less computational
power and hence only producing RASTI data.

3.4 A Measure oi Balance.

Whilst all the above indices give valuable building acoustics iniormation, there is another measure

most uselul in sound reproduction situations ~ this is the energy in each octave band expressed as
ratio to that contained in the 1 kHz band. Such an index is usetul givingthe measurer a feel at the
'colour‘ oi the room and it's orchestral balance ( bass, middle, and treble ). The experienced
sound engineer is then able to see which frequencies need most amplification.
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4. IMPLEMENTA‘HDN OF AN INTELIJGIBILITV ANALYSER USING THE ARIA SYSTEM.

4.1 System Methodology.

ARIA uses digital sampling techniques based on Nygulst's theorem to truly represent an acoustic
input. The building acoustics measurement system. as shown below. consists of a high

performance digital signal processor card in a host computer with a microphone input and

generating a white noise signal via an output channel. The dBIMPULS software module stores the
raw sipnal file. treats the received signal to derive theechogram and generates data such as RASTI
and S“ coefficients and generates measurement reports.

 

Figure 2 : Block Diagram of ARIA'e Computer
Baud Intelllgiblilty Analysis and Reporting

System.

4.2 Computer Requirements.

A highly transportable system must have relatively easy to fulfill computer requirements. The

software operates from hard disk under the globally acceptable MS-DOS operating system and uses

an 80288 or better processor with a basic memory requirement of 512K of useable RAM. The
digital processor card provider: the main computer constraints : a full size 16 bit expansion card is
needed and the hard disk access speed should be less than 28 milliseconds. Such requirements
are easily satisfied by laptop computers such as the Toshiba ‘I’JZOOSXC and T6400 units.

4.3 System Philosophy.

The concept of a modular computer based acoustic measurement system was proposed by Luquet
and Rozwadowsld i2) and resulted from earlier production oi a data storing sound level meter (3).

From its conception. the ARIA system was not conceived to be another acoustic instrument. but
to be a totally new type of measurement acoustics. The system’s philosophy is not to focus on

the measurement. but to consider the complete measurement and reporting process.

With this In mind. the ARIA system uses the host computer's calculating power and attendant

Proc.l.0.A. Vol 14 Part 5 (1992)  



 

Proceedings of the institute oi Acoustics

COMPUTER BASED SPEECH lNTELUGIBIUTY ANALYSIS.

peripherals to completely revise the measurement process : wherever possible, raw data is stored
and analytical decisions can be made after the raw data has been collected. Data can be
reanalysed to allow multiple scenarios to be investigated item a single detafile, thus savingthe
acoustic practitioner valuable time and post measurement dissonance. The use of a report
generator and standard output devices such as laser-jet printers result in an integrated
measurement, analysis and reportind system (4].

4.4 The Computerised Building Acoustics Analyser.

Outbox processing techniques used in the early spectral analysis and L. modules are ideally suited
to many building and architectural acoustics measurements. The processor card contains fast
fourier transform routines that allow the stored signal files to be resolved in the irequancy domain
into octave, one third octave. or narrow band spectre. initially. a reverberation time add-on module
allowed measurement at octave and one-third octave Rm's and determination of isolation levels
L..W and fi’...

However. to address the problem of intelligibility, a new module, dBIMPULS, was developed with
a French centre of excellence, the Centre Sclentifique et Technique du Batiment ( C.S.T.B. l in
Grenoble. ’

dBlMPULS determines a building's impulsive response to an Internally generated pseudo-random
white noise burst. By using a wideband noise signal the limitations of traditional sources such as
gunshots namely non~linearity and poor dynamic range are avoided.

The user specifies a range at i tial parameters such as storage lilename, sequence length. and
sampling lrequency. These parameters result in the production or a customised white noise burst
alongwith optional automatic gain adjustment and subsequent recording of the returning signal.

Syntax: Inlurulnl Analysis Configuration

Acwllilim setting

urth “in runs ( without all. ) : BEND
Emil : "H! H e dumtratien SEYUF.
Sequence order : 13
Sanpllng "my (kill) 16
Averages e ‘
input selection llcle
input gain AUI‘O

 

Initiel Acquisition Options.

Once the returning signal is recorded on the computer's hard disk. then the user is able to view the
linear trace of the room's impulse response or alternatively, this may be displayed in dB - a squared
impulse response.

By performing an FFI' analysis on the received signal then architectural indices such as HASTI, STI.

and the Lochner~aurger signal to noise ratio may be calculated as shown in the table below or
eltematively the octave band echoprammes and decay curves may be viewed as shown below the

34 Proc.|.O.A. Vol 14 Part 5 (1992)
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resultl table.

       
Figure 3 : Linear Trees 0! A fleom'l Fluure 4 : The Same Room'l

impulse Response. Echoaremme In an.
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Figure Ecgm and Seder
Decay Curve Produced By Analysing A

fleem's Impulsive Response.

As we have seen differing limes have been suggested lor clarity and definition indices. so a flexible
system must allow the user to customise the system and its configuration menu is shown overleal.
Hence, a highly flexible system has been produced which simultaneously measures clarity,

definition, Lochner Burner signal to noise ratio. RASTI and STI indices.
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lelll'atlen

ms! WAVE M for criteria display (Ill) 11!
mt may: sum tor criteria display (ltx) s It
clarity an! dotinltlm “IBEX CAPTURE lo
leltlll MI" "DEX (on) 50
Default BENIN!“ INDEX (ll) 50
criteria “LDILA‘HM Illtll NOISE WITHIN!“
Ill SCALE m 0 a VIE
Ell ratios Inf 5" I HASH calculation Infinite

 

4. MEASUREMENT ACCURACY.

While it is relatively easy to develop an indicative system, all ARIA system modules were designed
to provide precision solutions to known measurement problems. This has resulted in the
component specifications for in excess of those normally associated with computer based
instrumentation and a resultant associated cost. Such a philosophy was vindicated when ARIA

became the world’s first computer based acoustic measurement system to be verified as a type
1 sound level meter I5). Whilst no global standard yet exists for FFr analysis. the FFT module has
shown excellent agreement with classical analysers in independent comparative tests (6).

s. aaemcnve SOFTWARE.

An obvious development of this technology Is In the production oi predictive software and the
EPIDAURE program l7! has been produced. again In collaboration with the C.S.T.8.. to enable STI
and similar parameters to be predicted and mapped. This is a subiact worthy of further discussion
but is unlortunateiy outside the scope of this paper.

6. CONCLUSION.

A precision computer based intelligibility analysis and reporting system has been successfully
implemented in a laptop computer. This gives an easy to use. user-configurable measurement
system with the ability to reenalyse data, and allows Impressive presentation from a lightweight
and portable solution to intelligibility assessment.
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