
 

Proceedings of The Institute of Acoustics

ACQJSI‘IC WK}! KIT -
A NEW film, To ASSIST IN ACUJSI‘IC W5

A Pbrningtoxr-West
J A stay

Independent Broadcasting Authority, Winchester

1 . WEN

The nan is responsible for the technical perfonrance of television and radio
stations and these standards are laid down in the mflmrity's Code of
Practicell]. The Code's provisions lay dam perfomance requirenents in
various sections which cover the generic performance of broadcast equipments and
also, where radio broadcasting is oonoemed, the acoustic perfornance of
studios.

The principal acoustic performance parameters of interest are threefold,

a . reverberation tines
b. badcground noise
c. isolation frcm general airborne noise and fun impact noise.

'Iypically neasuranents of these parameters are made at a nunber of positions in
each studio areaand as each 11R station may possess SCIIE five studio areas then
it is clear that a great amount of tine is spent gathering and analysing
acoustic data. The acoustic measurement sequence is carried out both on new
suitions and also after studio nodifications. In addition there is an increase
in the number of sound control rouns and studios at television stations
requesting affimation of their acoustic perfomance.

At the present time there are 48 operational 11R stations with more planned and
the work involved imposes a workload onstaff and current equipment which is
increasingly difficult to fulfill. Currently acoustic tests have been carried
out. using camercially available apparatus. For reverberation times a
conventional arrangatent of Fig 1 has been anployed.

The method employed for reverberation tines particularly leads to an extremely
tedious process of nanually analysing sate 300 pen traces for each location in a
man, such asthose sham in Fig 2. The storage and categorising of these
traces for necessary archival purposes poses several difficulties and data
retrieval is slow. Acoustic data collection is largely a hatter of data logging
and thus it was envisaged that sate means of harnessing microprocessor power to
collect the data and to file it electronically would be desirable.

This paper describes the outline of 'an apparatus designed to be used with a
canrercially available microcclnputer. It has acquired the acronym Am (Acoustic
Reverberation Kit) though the equipment has uses in other acoustic fields.

2. mm

The efforts a'rplcyed in assessing reverberatim tires were naturally those for
which some antaration was sought. 'me inclusion of facilities to measure
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backgmmd miseand isolationwouldusethe system outpatients ina similar

nennerandtheprocessingofdatawasseennoreasasoftwaretask.

filteredbandsofpinkmiseandplotthedecaycurveusingahighspeedpen

plotter. The main alternative described by SchroederIZ] has never been

seriously considered due to the expense of the necessary processing and lack of

portable real—tine analyserD]. It is also necessary to appreciate that

considerable confidence and experience had been built up with nany acoustic -

consultants using the filtered pink noise approach. Heme, autcnetion of the

neasuralenttedmiqueneededwbedirectlyrelatedmthetrustedappmachof

previous years.

A search of available literature revealed no suitable existing product which

would have satisfied the requests of both engineers and acousticians required to

operate the equipment and therefore it was decided to investigate the

possibility of producing a purpose built system.

An Apple microculmmter had been acquired for use in various projects where it

perfode the role of a reasonably intelligent controller. Initial aperinents

involving construction of cards to plug in the application slots of me Apple

were disappointing. Attaxpts to modify directly existing commercial equipment

would have raised doubts concerning the integrity of the eguipnent.

Itwas decidedtoproduceaseparatemiitseei‘ig 3, whichwouldconrainina

nuch smaller and lighter package, all of the required measuring facilities Which

at that time occupied sate five separate units. Akey requirement of ARK, to

achieve the standards of perfomanm obtained from our current equipment, is

made possible by the developIent of modern electronic components.

3. THE SYSTEM

The system block diagram is giveninFig 4._ . ' _ -

111a division of the system into its functional blocks was required so that

activity of any of the systan components could be controlled independently via

the ndczooonputer keyboard. The essential bonus ofpartitioning the equipment in

this manner is that the ARK box itself beocmes a collection of relatively simple

analog circuits separated Eran the digital complexity and programing of its

controller.

The use of a camcnplace microcmtputer as a controller brings its advantages.

a. Relative cheapness of a twin disc ndcroomputer.

,b. Easy programing in a high level language (BASIC) with only

the short high speed serial averaging routines being in

machine language.

c. Provision of an already proven disc operating systan which

allows the data to be stored onto floppy disc.
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d. Easeoffindmgreplacarmtpartsshouldsmepartofthe
microocmputer fail. Most large mums have agents represalting the major
micromrputer manufacturers.

e. Fasewithwhichttmtasksperformedbytheequipmtneybe»
alteredby canpetent programing. Where there is a need for modifications
tothestandardproceduresrequiredbytheCode,atedmiqueofnenu

f. Facility of using a similar microcmputer at IBA's base in order to review
or further analyse the performance of studios.

Buildingflieanalogsectionsofminafreestandixgbmcallwittobe
controlled by many other types of microocmputer, other than the basic Apple _
micmcmputers which we use, via a simple interface. Thus the cost of ARK
replication is relatively low — lessthan E300 in canponent costs and the
construction is such that it could readily be built in small batch quantities.

3.1 Eifications

3.1.1 Sigfl mation

'I'hesignalgenerator isbasedonazs stagepseudoramiunbimrysequence
generator which takes in excess of 13 minutes for the sequence to repeat.
The digital waveform is low pass filtered before being applied to a pink noise
filter thus making available both white noise (band limited to 20km) and pink
noise. The required centre frequency and bandwidth are selected using a filter
systen based on the use of switched capacitor filters. Centre fiequency setting
is provided by aclock signal of appropriate frequency. A simple series of
dividers provides the relevant frequencies frcm a single 4.43MH2 crystal
oscillator. The frequency range provided is frun lORHz through to 25112.

'me signal returned frun the filter card is controlled in level by a
logarithnically scaled multiplying digital to analog converter, so that the
setting of the output level is under the control of the trimmer. Oclnplete
gating of the noise signal is provided by aseries shlmt transnissicn gate.

The output arrangements permit the min ouqmt sockets to be driven either
single ended or electronically balanced by the choice of internal connectors.
The facility to drive two sets of speakers is especially advantageous when _
measuring the performance of mterbarea isolation.

3-1-2 em

'l'hendcropmneampdesign isbaseduponthe requiramtsofthearuelandKjaer-
capacitor ndcrophcne system. The gain is switched by reed relays in accurately
determined lOdB steps. The noise perfomence has been kept sufficiently low for
the systannoise floortoallowreliablemmraentof thebackgzomdmisein
anystudio. meoftwoinmtsneybeselectedbothofmudnacoeptfimeland
Kjaer connectors. 'lhese inputs are each paralleled to standard three pole jills
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intended for use with other microphmes or line level sources. The signal is
passed through a251%: high pass filter and is then presented to the filters
card. For monitoring purposes and for driving acternal filters or other
apparatus the preamplified signal is available on the front panel.

The filtering action is primarily perfomed by switched capacitor filters as
usedinthegeneratimsidaofm. Hovevertheresponsetineofafilteris
related to its bandwidth and in the unusual case of reverberation analysis using
1/3 octave bandwidth filters the response tine could readily exceed that
acpected for the reverberation time in a Shall studio at low frequencies. Thus
for the eight 1/3 octave spaced bands from 40Hz through to ZOOHz the
preamplified signal is routed instead through an analog filter. This filter
canprises two stagger tune: bandpass filters based on a twin integrator loop.
The centre frequencies are set by using an analogmltiplexer to select the
awropriate frequency deteunining resistor. The particular topology chosen had
the property that changes in the centre fiequency have negligible effect on the
Q factor of the filter and thus the resultant bandwidth of the two filter
sections renains at one octave. The final output ofthe filters section is
taken via afront panel breakjack to the detector card.

The detector card uses a precision full wave rectifier and an averager followed

by a wide dynamic range logging amplifier. The output of the logger is
digitised by an 3 bit analog to digital converter each tine a sample is
requested by the controlling Inimputer. The effective averaging tire of the
rectifier is equivalent to a reverberation tine of 801m and linearity of the
combined detector and logger enables an EMS range to be encoded with the error
of around 1.5dB concentrated in the last lOdB of range.

Hoveverthearrangarentof signal levelswithinARKaresuchthatthe last lOdB
of logging range covers the noise output ofthe switched capacitor filters,
producing a total useable dynamic range for the systan of approximately 135GB.
The analog to digital converter scaling is such that each bit represents a level
of 0.3263.

EamofuienainfimctimsabovearemplerentedonastaMardeurocardsize
board. An attender card which also carries out certain test facilities is
provided. All of the cards reside in a simple frame which fits within a 20 rack
nounting profile. This frame also carries the digital interface, control
circuitry and the power surply.

The power supplyproduces all of the necessary voltages ranging from the 200
volts for the microphones to 5 volts for the interface. An advantage of using a
remtefludisplayisflntmfiysinplegrmmdirgandscreeningtedmiquesare
required.

As with many rewtely controlled devices, an indicator panel is provided that
oonfirne to the operator that the equipIEnt is functioning correctly. The
diwlay ccrnprises 8 LEDs which indicate the following:

(a) which input socket is rusted to the preamplifier  
Proc.I.O.A. VolG Pnn1 (1984)
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03)p1eanplifiergainhasbealchanged

(c) filter centre fireqmcyhasbeendrarged

(d)thatthexeceivefilterhasbeenchangedfzuntheswitd1ed
capacitorfiltertotheanalogone

(e) theanalogtodigitaloonverterisinuse

(f) themiseoutputlevelhasbeend'xangai

(9) the noise output is enabled

[11) the notorised microphone boon am is timing.

4. MPG-E

The simple parallel interface protocol required that the sirmltanemis
presentation of a 4 bit nybble and an 8 bit data bus is accalpanied by a simple
strdaepulse. Thehus isbidirectionalanduayuseaddressoto 14 for
ocmnmication. Data being read back into the controlling micro is buffered at
the interface card and a read to address 15 is used exclusively for this. The
system has the advantage over altematives such as GPIB, of cheapness and ease
of use, whilst not denying the possibility of change to other systans.

5. ME AND mm:

5.1 Introduction

The existing nethodof neasurim; matim times using the pen recorder has
several disadvantages, a major one being the difficulty in interpreting the
traces detained. Typical decay carves obtained in radio broadcast studios often
deviate markedly firm a straight line, especially at the layer frequencies, as
in Fig 5. Variable fluctuations are often evident and are often due purely to
the statistical nature of the emulation of reflections Eran the
studio walls or beats between cm closely spaced roan modes. These variations
severelyredmemeacwncyarfirepeatabiutyofremlmdatainedbymis
net-ind. Oflxerlindtatjpnsofthepresentsystauarethewritjngspeedandpaper
speedofthepenrecorder. ‘mewritingspeedoftherecordersetsalhnitto
the fastest reverberation tine at approximately loans and this limiting
reverberatimtinekmreasesatlmerfrequemiesduetofletjnedmjn
response of the receiving bandpass filters. Ibwever this limitation is
sufficient in trust studio environments but is a variable that must be carefully
chosen to avoid erroneous results. when msurjng fast reverberation tines
typicallyfmmiinbroadcaststudios,eva1fleuseofflnnaximmpeperspeed
causesflerecorderdecayslopetobeverysteep, trmsincreasingthescopefor
error when using the n'easurarent pmtractor.

Afm‘therdisadvanfageoftheexistingneasurerentsystanms
inmaienceofthedatastoragenedimnforardfivalandfiuflaer
analysisptnposes.1hepapermllsobtainedwerehnkyandretrievalof
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aparticularsetoftramswasalengthyandtediousprowmre.

5.2MW

fledevelopientofmwasinstigatedtowercmeor,atleast,minimisefle

prcblmedetajledabove. Afinflanentaldesignaimwastoenableuueaveraging

ofstwcessiveuaoesataparticularfrequelwysoasmredumtherandm
fluctuations ammteredmdecay ms, especially at the low: frequencies,
and sohighlight the true deoaypattern. This is possible since the samples

takmarereferemedtoafixedpointintine,fltemt-offofthemisesource,

madthereforeeadmdatapointofflienewtracecanbeaveragedwithmesme
pointoftl'xeprevioustrace. minplermfsaserialaverageprocess (see
Appaflixl)vherebytle'averaged'curveismpdatedbythenewdatamead1
successivetest. flusneflndallodsbevMZarflzsstracestobeaveragedin
realtineandalsozeduoesthenaroryspacerequired. Eadidecaymsmedhas

anequalweightingmthefinal averaged decay curve. This serial averaging
process is illustrated schemtically inFigé andatypical averaged decayis
showninFig7. 'll-nenmberofsanplestakenduringeachdecayisfbcedtoMS
alflnughflieperiodovervnfichfleyaretakennaybevariedviaflzeccntmller
keyboard.

An advantage of digitally samplingthe decay curves is the ease of pmssing
the data sanples during or after averaging. In addition to the serial averaging
process a sinple weighting process (see Appendix 2) is available Which
mphasises the new data and reduces the significance of the previous averaged

data. This process can operate aantimously and so is useful during
hwestigativeandratedialworkonthestudioacmstics.

5.3 Reverberation TimeAnalE's

'me ability to cmttol the sanitation noise level and mic anp gain miependmdy

allows the controlling microprocessor to perform totally automatic reverberation
tine data mllections. Using the serial averaging algorithm used for the decay
curve processing but averaging successive single data sanples, the background
noise in any specific octave band is measured. The third octave filtered pink
noise, at the same centre frequency, is adjusted to produce sufficient dynamic

range, as remanded in British Standard Specifimtinn BS:3638[4] , to make a
valid reverberation tine Ireasuranent. This avoids ancessive excitation levels
which may cause non-lineareffects in sale sound absorbers or resonance to occur
in studio fittings. Canoe set, an accurate neasurarent ofthe excitation noise

level can be nade. After allowing asufficient delay for the noise level to
readiequilibrimninthestudio, thelevelisranpeddadnatarateofiidBper
sapletominimiseanytmneitory effects flatmyoccurifthe signalwasnot
at a zero-crossing point. The data sampling carmemes at the onset of the ramp
dam and continues until the (xmpletinn of 249 samples. The data is serially
averaged between each burstxme noise source is then reinstated and the sanpling
process continues \mtil oarpletim of the preselected nmber of traces.

'meaverageddecaycurveisthenplottedmtoascaledaxisonancnitcraxfla
mirsorappearsmwescreenuhichcanbealigned,viauekeyboard,wifllu1e
finalaveragedtrace. 'mecursorstartpointissetatsdabelwthesteady
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state noise level before cut-off such that align-rent of the cursor parallel to
the curve will not obscure the trace itself. The reverberation time represented
by the slope of the cursor is continuously displayed on the monitor, see Fig 7.
The British Standard 35:3638 specifies that the reverberation time may be .
neasuredoverarangeof30d8, startingatalevelSdBlmrthantheinitial
steadystate. 'l‘hishasbeentheprooedureadoptedbythema, althoughit
shmldbestressedmatitistheslcpebetweenthesepcints, andnotthetime
interval between then, that yields the true reverberation tire. The fitting of
the cursor tothe decay conforms to this approach.

It was initially envisaged that an autcnated curve fitting routine would be used
to calculate the slope but this is cmpZLicated by the presence of secondary
decays encountered in sane studio emrixonments. Secondary and possible tertiary
decays indicate the adstence of two or more nodes of decay with different time
constants causing curvature in the logarithmic display of the decay. Gilford
and Jones[5] showed thatnoticeable colouraticn occurred when the ratio of the
primary to secondary excitation levels ms less than approximately 30d‘B and this
is reflected in the Ian's Code of Practice limits for secondary decaysIl] . It
was therefore considered essential that any automated outputaticn of
reverberation tires should yield not only primary decay times, independent of
any subsequent decay modes, but also the decay rate and relative level of the
secondary decay, if present. Further work is being carried out using poly-nanial
curve fitting and smoothing algorithm in order to assess the different decay
nodes. until this technique has been proved reliable, it is considered that
manual interpretation of the decays will produce the acceptable level of
acmraqr required. ’ -~

This data may then be filed onto floppy disc in the form of a 256 byte binary
file, consisting of 249 bytes of data and 7 bytes of information related to the
particular test is time Widow, nunber of averaged traces, frequency etc. See
Appendix 3 for details.

The current editionof software is based on a selection of options fmn menus.
For example, in the immediate node, a data gathering and plot sequence is
perfected as defined by user oontzollable settings. In the unattended node a
cmplete sequence of measurements over a range of frequencies may be initiated.
The results are automatically filed and may be reviewed later. For the m's
Code of Practice, data is collected in the band between 63H: and Ski-[z and either
analysed on site and filed or stored for later analysis. A microphone
calibration routine is also provided and the results for each of the two
microphones are also filed on disc.

The mADodeof Practice requiresueasumentstobemade mthevicinityof
eadiusualmicroplnneandnmitoring locationinastudio, andthatammberof
neasuranents should be made at each of these locations by varying the position
of the measuranent microphone slightly. The results at these positions are then
averaged to obtain the reverberation time for that location and frequency. This
positional averaging reduces the effect of standing waves which can be numerous
andverylocalisedintmstudioetwiroment. Inordertominimisethenunber
of traces to be filed and save the necessity for further numerical averaging,
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the measuring microphone is autuuatically raved tothe three or more different

positions for mch frequency. This technique results in a spatial average result

for several positions in that neasuring location. 'me position, title and speed

of novetent of the microphone rotator are controlled by the software.

6. W5

AlttrJugh ARK was prinarily developed to improve the measurement procedure for
reverberation times, it is equally suited to treasure background noise levels and

the isolation between areas. As described in the measurement of background

noise, incorporated into the reverberation tine procedure, serial averaging of

successive single data samples is possible. The number of samples to be

averaged can be varied, as can the period between samples. Pdditional software

routines enable the mean, peak and standard deviation of the background noise

results to be calculated and displayed in the font of a histograph in various

tin-e windows. The background noise data is filed, as for the reverberation
titles, in 256 byte binary files.

This method of detecting background noise levels can also be used tomeasure the

impulsive noise isolation characteristics of a studio. A taming machine

complyingtotherequiremttsof ISOl40canbeplaoedinthescurceroanand

the peak capture algorithm of ARK inpletented to record the peak transmitted
sound levels ineach octave band.

An extension of the background measurenent procedure is used for evaluation of

the inter-area isolation performance. The two calibrated microphone input
sockets available on ARK, facilitate alternate neasurement of noise levels in

two areas by the controller switching to the required input. 'lhe level of
interfering source can be controlled autcmatically to produce an adequate sound

pressurelevelinthesourceareainaparticularoctaveband. TheIBACodeof

Practice sensibly defines the necessary interfering source level depending on
theuseofthearea. metatalsoundpressurelevelsinthereceivingroanand
in the interfering area are then measured. A wrrection for the difference

between the actual source level and the Code definition is then calculated.
This procedure is repeated for all necessary octave bands. The data points can
be plotted against the octave centh frequencies and stored as binary files.

misretmdofoperatingARKcanUmsyieldthesoundreductionimierofa
building elatent.

7. “(NW
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APPENDIX 1 - serial Averyg Process

The 'new' data samples collected are averaged sequentially with the present

'zunning' average samples using the algorithm below. Each trace weasured has an

equal weighting on the final serial average.

avgn [2—1 (avg n-l) +% (damn)

(n-l (avgn_1)+datan)

n

where: n = number of trace

avgn = serial average of first n uaces

datan = new data of nth trace

This averaging process is completed in real tine using nadfine language programs

divided into the following three steps

STEP 1 (n-1)x avgn_1 =x

STEPZ x-o-datan =y

511523 y+n(=avgn)

\
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APPENDIX 2 - Weighted Averafi Process

The weighted average routinediffers Eran the serial average in that each trace
does not contribute equally to the displayed result.
significance than the previous results. This is achieved by introducing a
weighting factor into the averaging 'algurithm', as shown helm.

avgn = (1-91). (avgn_1) + w. (damn)

wrei'e: avg = height-2d average of first n traces

data = new data of nthtrace

w = weighting factor

'Ihenewdatahasgraatar

This process is ccmpleted in a real time machine language routine, divided into
the folloding steps .

STEP 1 (1-1.1) x avgn_l = x

STE) 2 w xdatan = y

REF 3 x + y (= avg“)
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APPmDH3-myflofmmdonTmeDataFile

 

'l'he data stored for each reverberation time n'easm'axent is filed as a block of
256 bytes, emprising 249 data samples and 7 bytes of mformation.
nap of the binary file is sham below:—

24mmsm
l |
I I

I I

1 I

I
1 mm
mm) 'm' LEVEL CF PINK NOISE
PRE‘AMPLH‘IERGAIN SETTING
PINK NOISE 1m
Imam MAW
POINTER 0F CURSOR SIOPE
TIME WINDOW OF TRADES (0.5, l, 2 OR 4 SECQ‘IDS)
FREQUENCY

a
w
w
—
n
—
w

In
ma

y
a,

I5

154
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Fig 1 Conventional arrangement used to measure reverberation times  

Fig 2 Typical- pm traces using annventicmal equipment
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Fig 3 A View of the production model of ARK
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Erma

Fig 5 Typical marberation delay obtained
with the amnga'rent of Fig 1

Fig 6 Schanatic representation of the serial average process
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Fig? micalmageddeaycb'tamedushxgm.
muratttestraigl‘xtlimism'auser
maablecuzsor.
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