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1. iNTRODUCTION

The growing popularity of close microphone techniques using radio microphones In theatre sound

has resulted In poor aural Imaging. Before the use of amplified sound In theatre what the audience

heard was the direct sound of the actors voice and not the amplified signal from a loudspeaker In a

fixed and different location. This shortcoming has been commented on a number times In the press

In recent reviews of stage plays as well as In professional audio Industry publications. which has

heightened both public and professional awareness of the problem.

Fortunately. the psycho-await: phenomenon known as Precedence or the Haas Effect. coneotiy

applied can help the sound designer to achieve the seemingly comadlctory objectives at a uniform

loudness across the listening area while at the same time allowing the perceived direction oi the

onglnoithesoundtobecontroiied.

2. BACKGROUND

Today stereophonlo and multichannel sound systems In the home are common place. they have

the advantage over momma! reproduction systems of gMng the listener additional panoramic or

spatial Information which enhances the listening experience.

In concert halls and theatres where sound reinforcement is used. It Is equally Important to convey

directional Infonnatlon about the localisation or source of a sound but this Is at odds with the

requirement to deliver an even sound pressure level with good lntelllglblllty war a wide ilstenlng

area.

The tedrnique at level panning between left and right loudspeakers used In stereo reproduction is

of limited after: In euditoria u only those people seated centrally between the loudspeaker

pcsltiom will benefit fully from the effect Just as with home stereo reproduction all the panoramic

Information to lost If a listening position dlreotiy In front of one of the loudspeakers ls chosen, in

theatre situations those listening positions nearest to the stage but away from the central block of

seats hearthesomtoornlng from thewrong place Itls arguably more lmportantto oonveyspatlal

Information In theatre sound. In order to reinforce the visual cues from the stage. rather than to

comradlct them which has the effect of undermining the audiences' willing suspension of disbelief

and therefore their enjoyment oi the show.

The principle of Precedence was first researched In 1840 and was later developed by Helmut Haas

some 100 years later. Haas demonstrated that a listener seated In front of (and centrally between)

two loudspeakers both set to the same level will hear a centre Image. II the sound to one of the

loudspeakers is delayed by small amounts of between 0.5 to 1mS. than the Image will shift towards

the undelayed loudspeaker.
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When the tlme delay to one loudspeaker ls Increased to more than 1mS but less than 30ms. the

delayed loudspeaker Is not heard at all. even though Its energy ls equal to the undelayed

loudspeaker. 11me delay dlfterences of more then around 40ms result In the delayed loudspeaker

belng recognlsed an addltlonal sound source whlch wlll adversely alter: the lntelllglblllty ot the

sound and cause stress and dlstur’oance to the listener.

Wlth a tlme delay 01 10 - ZOmS between the two loudspeakers. Increasing the level to the delayed

loudspeaker by 10dB wlll return the Image to the cemre and the delayed speaker wlll become

recognlsable as a sound source.

In summary the llstenertends to lodr on to the tlrst amval at sound and Ignore subsequent arrtvals

wtthln a 30an time vrlnduw even It they are louder. Secondary sounds arriving wlthln the arms

wlndow tend to fuse or Integratewlththe ortglnal or precedan arrlval and add to the overall level.

The Kutrull‘ Elled further demonstrates that the upper llmlt of delay can be extended from Heas's

mardmum of ms by adding more loudspeakers with additlonel delays. so for example In a three

loudspeaker system provtded boththe delay from speaker 1 to speaker 2 and the delay from

speaker 2 to speaker 3 are wlthln the Haas range. the Image can be pulled from speaker 3 to

speaker 2 to speaker 1. even though the total delay from speaker 1 to 3 exceeds the Haas

mardmum.

In practlcal terms the some allowable error In antval of the precedlng and subsequent sounds

allows the sound deslgrer to pan sounds around a room by altertng the relatlve tlme delays to the

loudspeakers. In addltlon to thls amazlng phenomenon. In a properly set up system the effect can

work over a large Ilstenlng area.

3. PRACTICAL ISSUES

The ear Is more serlsltlve to the direction of sound from In front and to the slde than it Is to sounds

that come trom behlnd or ovemaad. In a theatre sound relntoroement sltuatlon thls ls good because

sound deslgners are normally concerned with pulllng the sound from under balcony loudspeakers

whlch are normally overhead. towards the stage whlch they are taolng.

The timbre otthe sound Is also an Important tenor In the locallsatlon 01 sound. The ear ls most

sensltlva to the dlrectlon of sound at the same lrequencles as It Is most sensitive to level. Proper

equallsatlon otloudspeekers can be used to extend the Haas llmlt of relatlve levels from two sound

sources. but equally poorly equalised loudspeakers can destroy the after: '

Visual cues have a marked Influence on the perceived direction of sound However It the direction

of a sound and a vlsual cue clearly contradlct one another. thls can lead to the Ilstener developlng a

heightened awareness of the existence of an ampllfled sound system with a resultlng less at

appreclatlon ol the performance.

Room reverberatlon and echoes can both help and hlnder the aflectlveness of locallsatlon of sound.

In a room wlth very Illtle natural reverberatlcn. anyoomb tllterlng effects resultant In the arrlval ot

the same slgnal two sources wlth a small delay and equal level wlll be cleany audlble. In a room

wlth a lot of reverberation the llstenevs perceptlon of directan of sound can be confused.

lntelllglblllty cl speech can be adversely effected It the listener hears multiple arrivals ot the same

slgnal wlth diflerent delays. especlally II the second and subsequent arr-lvals are oulslde the Haas

effect llmlt at 30 - 40ms.
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4. TECHNOLOGY AND A SOLUTION

TrMax is a new DSP based tuliy automated audio matrix that offers static and dynamic control at

level and time delay at every matrix cross point, 11Max Is among the first audio matrix systems

ever that makes time delay panning and therefore the use at the Haas effect possible In any

distributed or surround sound system.

TIMax offers a maximum capability to route up to 32 Inputs to32 outputs. with each at the 1024

crosspoints having a unique level and time delay setting. The control software Is cue driven

allowing an Inllnlte number of audio events both static and dynamic (hard disk space allowing) to

be saved to memory and recalled by a variety oi means. including manual recall. remote control or

time code triggered.

TlMax Is controlled from a PC ninnlng highly graphically oriented control software on a Windows 95

platform. The PC communicates with the DSP via a high speed parallel link. and offers real time

Intuitive control. The PC Is supplied less monitor In 19" rack mount format. complete with SMPTE I

MIDI Interface, 2 CD ROM drives, a removable 1 Gigabyte hard drive, a 1.2 Megabyte 3.5“ floppy

drive. an Intemal modem for remote control and tault diagnosis. serial and parallel ports and SVGA

card.

The matrix core and audio Input and output cards is housed In an 8 unit high 19' rack mount use

and Is based around the Analogue Devices SHARC DSP with Internal 40 bit arohltedure. Up to 4

devices operate In parallel uttering facility to accommodate up to 32 Inputs and 32 outputs. External

world oommunlcatiom and boot up Is controlled via a smaller "SupervisorI DSP.

Inputs and outputs to “Max may be analogue or digital. Audio Inputs and Outputs are arranged In

groups of 8 on plug In cards with two versions available offering either analogue or digital AESIEBU

Inputs and outputs. Each SHARC administers 5 Inputs and 8 outputs. Analogue and digital Input

and output cards can be mixed within the system so a system could have tor example 24 analogue

Inputs and 8 digital Inputs with all 32 outputs analogue.

Analogue Inputs and omputs are arranged in groups of 8 each In plug In format. with each card

containing 3 audio connectors eiedronloaliy balanced on XLR with ground Ilit awltd'ies isolating pin

1 on the XLR. Analogue inputs use 20bit stereo A to D converter running at “KHz sample rate,

while analogue outputs use a 20 bit stereo D to A.

Digital Inputs and outputs have 4 stereo AESIEBU digital audio connedors on XLR per card. Digital

Input receivers feed to a sample rate converter to cater for asynchronous Incoming data at any

standard sample rate. Digital outputs are 48khz only.

Another 8 'bypass' analogue Inputs are provided on an optional input card that allow audio signals

to be summed Into DIP switch selected outputs. These bypms Inputs may be-pennanentiy

assigned or automatically activated by a relay In the event of a system failure.

5. THE SOFTWARE

Venue Set-up

Several venues can be programmed Into the TIMax computer. with a separate record card for each

venue with notes and basic Information such asaddress, phone number. contact names etc. The

active venue can be selected trcm a browse list.
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Details of which loudspeakers are In use. their names, types. location. multicore line. amplifier type

etc. are entered as part of the venue set-up. Additional notes space Is provided for each output and

loudspeaker and other output types can be set up to appear In a pick list to speed entry of details.

All the data entered can he primed In report format.

The physical layout of the venue can be Imported from any Windows drawing program that allows

files to be saved in hit map ('.Bmp) format. Here positions of loudspeakers and any other features

of thevenue can be noted.

11me delays to correct for loudSpeaker position can be programmed as part of the venue set—up.

These delays would typically be for under balcony speakers or for speakers at other locations that

are not be used for primary sources for sound effects. Le. where the delay settings are not going to

change from we to cue.

Show Set—up

11Max will store details of several shows. each show has Its own record card and associated

details. Loading a new show will not change any of the venue set-up. and loading a new venue

does not alter the show set-up.

Show details can Include infonnetion on which Inputs are in use. their names and type. the actors

name. the input channel on the console ac. A right click on the mouse brings up an additional

comments box. All the data entered can be primed In report format.

Specific show details sum as MIDI device names and channel numbers as well as audio Image

Definition names are entered as part of the show set—up.

image definitions and sound effects

An Image Definition is a level I time delay relationship between a group of loudspeakers. The

loudspeaker nearest to the desired sound source would have a short time delay. or no time delay at

all. loudspeakers hather away from the source have progressiver larger time delays so that a

coherentsound emanates from the desired location with even level over a larger listening area than

would be possible lfthe Image Definition corsisted of only one loudspeaker.

To Include a loudspeaker In an Image Definition. double click the icon representing the speaker to

move It froth the parking area to the control zone. Dragging the Icon up the screen will Increase the '

Iewi and dragging the Icon across the screen will Increase the time delay. Precise level and time

detey parameters may be entered Into the values box. As parameters are changed, control data ls

senttothe DSP matrix In real timeso the efiectcan be heard andtnmmed a necessary

Once a set of Image Definitiors have been programmed then the effects screen can be used to

control and program dynarnlc sound effect movements. This Is done by brlrglng the Image

Definitions for the often Into the control zone by double clicking on them to activate them. and then

selecting the Input signal with the source for the effect In the same way. Then by eliciting on the

source and dragging It about the control zone the sound movement ls programmed and may be

saved or updated as required. ‘

Several dynamic sound eflects can be run at the same time. the system allows dynamic efleds to

the programmed In layers. sothat programming Is not over complicated as well as to make straight

forward editing and updating possible.
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Event Control

The TrMax control software offers sophisticated show control facilities including MIDI events
management Serial port events on R5232 I 422. time code events with MTC and SMPTE
compatibility. relay closure events and CD play events from two Internal CD drives. This facility
enables TlMax to take care of all the show control requirements to be awoned In badtground each
time the next cue is recalled.

TrMax allows up to 16 MIDI events to be programmed within each cue. Program changes can. be
used to control external MIDI compatible equipment such as reverberation or equalisation units by
recalling settings from the units internal memory. MIDI note on commands have an associated
durationsettlng tntheycen beusedtotriggersotmdetfects stored onasamplerorto pleye note
on a synthesiser. TlMax then automatically sends the note oft command atthe end of the duration.
MIDI controllers can be used In many different ways including: levels of sound or lights. pitch of a
synthesiser note. equaliser or revere parameter

- Serial port events can be programmed either in ASCII or Hexadecimal to allow simple Interface to
equipment that offers serial port corrirol. for example some sound effects playback equipment
offers this type of control.

An internal time code generator can be started and stopped at precise time code values for
purposes of external synchronisation of tape playback machines connected via a chue
synchroniser. or for timed follow on ares set to automatically trigger after a programmed interval
from the last cue.

CDtradrscen besettoautomatlmliystarttoplaytrom eittwrorboihotthetwoCD ROM drives
bulitlntothe controlling PC.

A relay interface built into the cermolllng PC can be programmed to dose the relay contacts tor a
userdefinedduration. mbfeatureoanbetsedtostarttapecemgeorreeitoreel machines. to
trigger lighting or pyrotechnic efiects. to ringtelephones

Play Ust

Cues erereceiledfrorn theplaylistwhich is aeorolilng displaythaimovea forward on pressing the
+ key. Cues may be automatically or remotely triggered and may be defined as 11me Code
triggered wee. MIDI triggered cues. follow on was or memallytriggered cues.

ThePlayLlstshowslheprevious4cues.iheuurentcueendthenerd7weslnihenmnlng
sequence ottheshow. Assodatedumhfliemntcuelsalergenotesereatcroperatorpmmpts
eruiremlnders. “Max allows decimal polrrtcuesto adecimel placeetobelnserted Intolhe running
seque1ce.maiioMngnewwestobeaddedwmniwvmgtommnbermeseiptTheplayllst
alsoprominerrtiydispleysthectmemtimemdevaiueandanyCDtracksthatereplaytng duringthat
cue. . .

Matrix

Programming setups can be achieved using the Matrix screen. An Input - output uosspoint or a
rangedcmsspotrdsCanbeseieaedendmeleveiimdtimedelaymaybesetusirgmecontml
feders. Positioning the mouse over a cross point and clicking will select that cross point for editing
and highlight Its Input and output names. To selem a range of mmlms click and drag If the
range ls continuots. or click and Girl click it the range Is discontinuols. To set all inptds to one
output, click on the output name and in the same way to select one input to all outputs. click on the
input name.
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Level changes can be made In relative or absolute mode by clicking on the desired mode button. In

relative mode II a range 01 orosspolnts have been selected. the level and delay latter will jump to

the level of the highest oresspolnt In the range. Increasing the level by 3113 will Inaease the level of

all of the cross polnts In the range by ride In absolute mode the same aotlon wlll set all crosspolnts

to the same level Le to 3dB above the level at the highest In the range prior to adjustment.

Once a set-up Is programmed It can assigned a cross fade rate and be saved to a Cue number and

name and later recalled.

Faders

Crosspolnt levels can be set on a Iader screen as shown, It an Input tader Is selected the output

index: will show the levels that that Input Ieeds to the outputs. or If an oulmlt feder ls selected the

Input taders will show at what levels the Inputs feed to that output.

Bargraphs

Audio levels can be monitored on the bargraphs screen. The charadellstlo of the bargmphs can be

altered to sultihe operators preference between VU and PPM and Peak Hold responses. with a

range of scales avallable from -3DdB to +6dB. -60dB to +20dB and -10dB to +10dB.

6, APPLICATIONS

In sum: reinforcement applicatiors where a iew Inputs need to be dlstrtbuted to several outputs

each with a unique or variable time delay and level, 11Max Is the Ideal control system. Film sound

recording ls another typical application for TlMax. Spatial sound effects from a number of

lowspeakers to an audience seated In a large llstenlng area can only efledlveiy be achieved islng

time delay pannlng (Haas Efiect) as well as level panning.

Intlxed Installationsotmd systemleeretheonIyorlterIon lsto have a number otlnputs feeding to

outputs with a delay. ‘nMax offers a cost efiective solution compared tothe altemetive of a hand full

at protasslonal delay mills. -

flMaxlsalsosultedtoaplecatiore wheres numberoilnputs needtobetime allgnedand mixed

together. for example In classical moordlng where microphones are placed both close to

Instruments and some distance away tor stereo perspedive.
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