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IMPORTANT SAFEINSTRUCTIONS

CAUTION | | ATTENTION |

RISK OF ELECTRIC SHOCK RISQUE DE CHOC ELECTRIQUE

DO NOT OPEN NE PAS ENLEVER

DO NOT EXPOSE TO NE PAS EXPOSER A LA

RAIN OR MOISTURE PLUIE NI A L'HUMIDITE
1 Read these instructions.
2 Keep tlese instructions.
3 Heed all warnings.
4 Follow all instructions.
5 Do not use this apparatus near water.
6 Clean only with dry cloth.
7 Do not block any ventilation openings. Install in accordance with the manufacturer's

instructions.

8 Do not install near any heabarces such as radiators, heat registers, stoves or other

apparatus (including amplifiers) that produce heat.

9 Do not defeat the safety purpose of the polarized or grounding type plug. A
polarized plug has two blades with one wider than the other. A groxaqdipe plug
had two blades and a third grounding prong. The wide blade or the third prong are
provided for your safety. If the provided plug does not fit into your outlet, consult an
electrician for replacement of the obsolete outlet.

10 Protect the power cal from being walked on or pinched patrticularly at plugs,
convenience receptacles and the point where they exit from the apparatus.

11 Only use attachments / accessories specified by the manufacturer.

12 Use only with the cart, tripod, bracket or table specifigdthe manufacturer, or sold
with the apparatus. When a cart is used, use caution when moving the cart /
apparatus combination to avoid injury from tgqver.

13 Unplug this apparatus during lightning storms or when unused for long periods of
time.

14 Refer alkervicing to qualified service personnel. Service is required when the
apparatus has been damaged in any way, such as pswgpuly cord or plug
damaged, liquid has been spilled or objects have fallen into the apparatus, this
apparatus has been exposed tim or moisture, does not operate normally, or has
been dropped.



SAFETY WARNING

Permanent disconnection from the mains supply is to be achieved by removing the supplied
cord connector from the back of the unit.

SAFETY WARNING

Do not remove any covers,deen any fixings or allow items to enter any aperture.

SAFETY WARNING

Objects filled with liquids should not be placed on this apparatus.

SAFETY WARNING

Replace the mains fuse only with a fuse of the same type

SAFETY WARNING

The rear of the product may gabt. Avoid direct skin contact during operation and for at
least 5 minutes after power has been isolated.

AVERTISSEMENT DE SECURITE

Pour déconnecter I'appareil de I'alimentation principale de facon permanente, débranchez
le connecteur du cable fournilarriére de I'appareil.

AVERTISSEMENT DE SECURITE

Ne retirez pas les couvercles, ne desserrez pas les fixations et ne laissez aucune piece
s'introduire dans les ouvertures.

AVERTISSEMENT DE SECURITE

Ne placez pas d'objets contenant du liquide a proxirdad'appareil.

AVERTISSEMENT DE SECURITE

Ne remplacez le fusible de réseau principal que par un fusible du méme type.

AVERTISSEMENT DE SECURITE

Le radiateur arriére de cet appareil devient chaud. Evitez tout contact direct avec la peau
pendant le fonctionement et au moins Bninutes apres la mise hors tension de l'appareil.



COMPLIANCE

FOR CUSTOMERS IN EUROPE

This product complies with both the LVD (electrical safety) 73/23/EEC and EMC
(electromagnetic compatibility) 89/336/EEC directives issues by thmrission of the
European community.

Compliance with these directives implies conformity with the following European standards:
EN60065 Product safety

EN55103L EMC emissions

EN55102 EMC immunity

This product is intended for the following electromagnetio/ironments: E1, E2; E3 & EA4.

FOR CUSTOMERS IN THE USA
This product has been tested for electrical safety and complies with:

UL60065 7th edition

DECLARATION OF CONFORMITY WITH FCC RULES

We, Linea Research Ltd. of Baldock, Hertfordshire, SG7 6XL,c-dglelare under our sole
responsibility that devices in the ASC range of products, comply with Part 15 of the FCC
Rules. Operation is subject to the following two conditions: (1) this device may not cause
harmful interference, and (2) this device must @gtany interference received, including
interference that may cause undesired operation.

FEDERAL COMMUNICATIONS COMMISSION NOTICE

This equipment has been tested and found to comply with the limits for a Class A digital
device, pursuant to Part 15 of tHe&CC Rules. These limits are designed to provide
reasonable protection against harmful interference in a residential installation.

This equipment generates, uses, and can radiate radio frequency energy, and if not installed
and used in accordance with thestructions, may cause harmful interference to radio



communications. However, there is no guarantee that interference will not occur in a
particular installation. If this equipment does cause harmful interference to radio or
television reception, which cdoe determined by turning the equipment off and on, the
user is encouraged to try and correct the interference by one or more of the following
measures:

=

Reorient or relocate the receiving antenna.
1 Increase the distance between the equipment and the rezeiv

1 Connect the equipment to an outlet on a circuit different from that to which the
receiver is connected.

1 Consult the dealer or an experienced radio/TV technician for help.

FCC Caution: Any changes or modifications not expressly approved by the ppansiele
F2N) O2YLIX Al yOS O2dzZ R @2AR GKS dzaSNIa | dzi K2 NR

This equipment has been designed to comply with the limits for a Class A digital device,
pursuant to part 15 of the FCC Rules. These limits are designed to provide rdasonab
protection against harmful interference when the equipment is operated in a commercial
environment.

FOR CUSTOMERS IN CANADA
This product has been tested for electrical safety and complies with:

CA /CSA C22.2 No.60685

DECLARATION OF CONFORMITY BGANADIAN ICE®3

This Class A digital apparatus complies with Canadian {@BS

Cet appareil numérique de la classe A est conforme a la norme®0@Bu Canada.



Thanks and Unpacking

Thank you for choosing a Linea Research485ivanced system contter for your application.
Please spare a little time to study the contents of this manual, so that you obtain the best possible
performance from this unit.

All Linea Research products are carefully engineered for vetaks performance and reliability.

If you would like further information about this or any other Linea Research product, please contact
us. We look forward to helping you in the near future.

Unpacking the Linea Research A&&series controller

After unpacking the unit please check careftdiydamage. If damage is found, please notify the
carrier concerned at once. You, the consignee, must instigate any claim. Please retain all packaging
in case of future reshipment.



INSTALLATIONISTRUCTIONS

1 THIS PRODUCT MUST BE EARTHEDNIy a flable cable or cord provided with a
green or green and yellow core which must be connected to the protective earthing
terminal of a suitable mains plug or the earthing terminal of the installation. The
cord must be of maximum length 7.5 meters, rated 3J, 8r SJE, 10A minimum and
be marked V\AL.

2 Wiring to this product must only be made by suitably qualified personnel and must
comply with all local requirements.

3 Do not install this equipment in an enclosed space. Do not limit free ventilation and
movemert of air around the back panel. Ensure that there is at least 100mm (4") of
space around all sides of the product for ventilation.

4 Only use attachments and accessories approved by or specified by the manufacturer.
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The User Guide

This user manual givegeogressively more detailed description of the functions of the Linea

Research ASEB series advanced system controller. A single page quick reference guide is provided

for those users who are experienced with this type of equipment and just need to kaavich

WRNAGBSQ GKS FNRy(d LIySto ! RSOGFATSR SELXLFYyFGAZ2Y
contained in the next section.

The final section describes each individual function or feature with annotated images explaining its
use. Where appopriate, thegraphical displajs shown to further elaborate on the units operation.

To complete the manual a reference section is included, describing the technical performance of the
device complete with graphs of filter responses

11



Introduction andKey Features

Introduction

The Linea Research A&&AdvancedSystemController represens current state-of-the-art

technology Taking advantage of the latest advances in@mze to digital conversion ardigital

signal processing technologies the unihiwes performance levels higher than previous devices.
Below is a list of key features, followed by some information on the major advancements of the ASC
feature set.

Key Features

- Linea Research minimal signal path design

- 96kHz sampling frequency provides a nominally flat response beyod®kHz.

- Three rotaryencodes, illuminated buttonsandgraphical display provide a rapid, intuitive
anduserfriendly control interface

- High speed capable and flexible Ethernet communications that supports DHCPPstaiit
auto-IPanddirect connection to a computer without the need for a router or a switch

- Class leadingonic performance achievds the use obtate of the art convertss, a 4"
Generation Analogue Devic&sarc DS&nd highly advanced DSP algorithms

- Powerful Drive Module concept, abstramti from device centric to speakbased control

- Innovative Component Presets to allow individual outputs to be used for selected drivers of
aloudspeaker system

- Twelve layers dParameter Overlays for troublieee Gouping

- Unique VX limiter providing dynamcontrol for passive-@ray enclosures

- Unique LIR linear phase crossover shapessg FIRike performancewithout the drawbacks

- Linear phase HF systdaQprofiling whichprovides perfect integration between endlores

- Innovative excursion control limiter with sliding High Pass Fiiteits only the damaging
low frequencies

- Transducer thermal modelling provides regulation limiters, addressing long term overload

- Overshoot limiter governs amplitude of treient sgnals retaining average power whilst
constraining pealkenergy

- Dante audio networking witautomatic fallover to Analogue or AES3

- AESinputs and outputsswitchable in pairs

- Hgh@®NF2NXI yOS YzyaAeASINEK- Y 2YR Gsig@ddgi®isk & dzLILX &

Drive Modules

The AS@8 processor has a new way of ordering and grouping chaimelsler to give a more
speakerbased approach to controlling, designing and recalling speaker configurdtess are

called Drive Modules. A Drive Module is the Procegspiovided by one Input DSP Block, and a
number of Output DSP Blocks, which are associated witkaoonéherby means of routing. For
example, if Input DSP Block B is routed to Outputs 3 and 4, then thiswsya Rrive Module with

Input DSP Block Bformin 1 KS Wal 8 SND O2y i NRf > | YR h dzi Lidzi
related control. Overall, this forms thgrocessingypically for one loudspeaker stdystem. The

System Engineddrive Module control panel for this stgystem may then besed for control and
monitoringof the associated speaker

12
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Drive Modules may be included in Module Groups, which use the Parameter Overlay feature in the
ASCA48 to achieve troubfeee Grouping in th&ystem Engineeapplication.

The Presets in the £48 are DrivdModule centric, and are used to configure individual Drive
Modules rather than the whole device.

Importantly, Drive Modules move the focus away from the processing device, and onto the
loudspeaker systems.

A Drive Module Preset may be brokapart into Components, allowing any output to be used for
any component within a Drive Module Preset (i.e. any driver in a loudspeaker subsystem).

SeeQverviav of Modules

Overlays

When the ASC is used iroiulesviewin System Engineethisallows the modules to be grped
into OverlayGroups These groupallow various Input (master) parameters to be adjustedlin
modulesin that group, whist maintaining independent parameter valaesosseach group. This is
achieved in the device by combining the parameters fathalllayers for a givegection(Gain Delay,
EQ etd. Whenan Overlay parameter is activéna Overlay indicator will become illuminated. The
combined Gain or Delay etassociated with a given sectionsisown on themodulepanelin System
Engineerwithin square bracket§] under the Delay and Gain for each input chaniile combined
EQ curve is shown in an olive cololine Input Mute button irBystem Engineawill flash if an
overlay mute is active. On the device, the presence of anectierlay is generally indicated by
aljdz- NS oNFO1Sida awéé I FiaSNaidpetSerlaymiteisingicaedNdn @+ f dzS 2
the mute/clip indicator for that channel flaghg. Note that overlay parameters cannot be adjusted
on the ASC devictself; these can only be controlled by tBgstem Engineeapplication. However,
overlay parameters may be removed on the deyez=eOverlay FlusiNote that overlays are not
stored in pesets or snapshots or céd in settings files.

LIR Linear Phase Crossover Filtering

¢CKS 1 {/ Itaz2 AyOftdzRSa Iy LIS WS aQReHSEE O DNILWA
filtering, whichresults ina Linear Phase crossover that has a constant delay regardless cdrigqu

(unlike other types of crossover which delay different frequencies to a different extent, thus

smearing the arrival time). The LIR crossover can thus be described as having a flat Group Delay
response, and thus entirely free of Group Delay Distortion.

The shape of the LIR crossover filteqte similar to a 4' order or 24dB/OctLinkwitzRiley filter,
and maintains zero phase difference between the adjacent bands across the crossover region to
keep the polar response rock steady.

FIR Linear Phase &ajisation

The Input HigkShelf Equalisers use Finite Impulse Response (FIR) filtering to produce Linear Phase
equalisation; that is all frequencies are delayed by the same amount, perfectly preserving the
transient response. This can also be importardpplications where different amounts of EQ are
applied to different parts of a speaker cluster, such as to add 'Throw' EQ boost so that parts of
cluster which are throwing further can have HF absorption correction added. If this EQ is not linear
phase, tha the zones where the speakers combine may suffer frequency response anomalies.

13



Audio Connections

Input Connections

For each input channel there is a female XLR input conneEten channel numbers are for

Analogue inputs only. Odd channel numbers dtkes for Analogue inputs (when in Analogue input

mode) or for AES3 input pairs (when in AES3 input mode).

¢CKS 1T hex b 2N WAY LKIaSQ 02yySOilAzy aKz2dAZR 6S Yl
The COLD2 NJ W2 dzi 2F LIKIFaSQ O2yyStheiXiRopnnectisr2 dzf R 6 S YI RS
Pin 1 of the XLR connectors is internally connected to the chassishitfaof the input cable

should always be connectd®in 1 of the XL® ensure that EMC performance andyrdations are

met.

Input XLR balanced connection

Pin 2 HOT + O

Pin3COLD - G

N~

Pin 1 Shield O

Output Canections

For each output channel there is a male XLR input connector. Even channel numbers are for

Analogue outputs only. Odd channel numbers are either for Analogue outputs (when in Analogue

output mode) or for AES3 output pairs (when in AES3 output mode

¢CKS 1 hex b 2N WAY LKIFASQ 02yySOUA2y &aK2dzZ R 06S Yl
The COLD2 NJ W2 dzii 2F LIKIFasSQ O02yySOilAz2y &aK2dzZ R 6S YI RS
Pin 1 of the XLR connectors is internally connected to the chabsishield of th output cable

should always be connected Pin 1 of the XLR to ensure that EMC performance and regulations are

met.

Output XLR balanced connection

@

O Pin 2 HOT +

~N~

O Pin3COLD -

~- -

O Pin 1 Shield

14



Using unbalanced connections

Please note that the use of unbalanced connections is not recommended, howeeasr, w
connecting thedeviceto an unbalanced audio source, the signal conductor shoulcbip@ectedto
XLRpin@ ¢ KS W/ 2 brRdble &gRodbdhecdivdctedio XLR pin Sith a short
connection made between pin 1 and pin 3.

Input XLR unbalanced connection

HOT + O

N~

Shield O

An unbalanced input may be driven by connectingpin Y02t RQ aA 3yl f G2 GKS 3IANZ
unbalanced destination inpufhe cable shield is connected to pin 1 at the source (this device), and

to ground at the destination device (alongwilhk S LAY o WOARlterkaveldizhgy SOGA 2y 0
cable is a single core plus shield, the cable shield should be terminated to both pins 1 and 3.

Output XLR unbalanced connection
®

O HOT +

T-O Shield

N~ 5~

15



Panel Layouts
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Limiter Indicatoss- Theoutput indicatorsshows the status of the limiter and output levelative to the limiter
threshold The SIG> indicator shows signal presence and will illuminate when a signal is present in the output. T!
second indicator 6dB> shows that the gnal has reached 6dB below the limiter threshold. Tl <LIMIT>
indicatorindicatesthat the threshold of that output channel has been reached. fiueth <+6> indicates a signal 6dB
higher than thdimiter threshold The <6dB> indicator also refersotthe excursion limiter and will illuminate when thq
threshold of the excursion limiter has beerceeded The € # indicator shows that the thermal limiter is active,
protecting againstong term thermabktress Please note that because of the long release time of the thermal limite|
the < # indicator may remain illuminated for several seconds after signal drckizaanel is reduced.

Mute Buttons- DSP output mute status is indicated and controllecibgtilluminated button for each channelThese
flash when the entire unit is muted from the AUX port or fr@ystem Engineévlute-All.

AES3 Active Indicats-¢ K 3ES® I OG A @S A whierith® AES3 iNFut/odtgtdséactive for that pair of
channels. AES3 transmits two chanr@i®ne XLR cabl€hannels 1 and ®ill be carried orconnectorl; channels 3
and4 will be carried oronnector3 and so on.

Parameter EncodersThree velocity sensitive parameter encoders are used to adjust parameters shown on the
display. Up to three parameters at a time are displayed on the screen. The parameter name is shown above the]
parameter value in each of the threersen sections.

Selection IndicatorsEach page that is visited when navigating will usually show either one, two or three paramet
labelleddAé B¢ & I @ Feack of which can be edited by turning the Encoder associated with that parameter alsg
labeledoAs B¢ a R d

OVERLAY
®

Status Indicators¢ K ®OVERLAY AYRAOF (i2NJ 4K2ga 6KSy GKSNB I+ NB LI N
cannot access through the front panel of the deviseeOverlay Flush¢ K SIETAUDDE A vy Rsho@s tiiaRaNJ
networked digithaudioOF NR A& Ayadltf SR | o¢IRONMNEzG SERADHzZORNI Kt & ]
the unit is offline and not connected to a computer or network. Flastimg unit is ®arching for an IP addrssifthe
unit does not find an IP address the unit will assign itself an IP address automatically and the indicator will stop
flashing. Onthe unit is online and connected with software. IP settings can be viewed or changed withid The RY>
pages.

Graphical DisplayWhen the device is switched on, it will show tHemescreen. This provides a useful overview of
channel allocation and Drive Module presets. The screen contrast can be changed by presdififjltiE¥<button to

YIE@GAILGS  HAAYANESG OB RISWR OKI y3IS G(KS LISNOSydla3sSTIn K
most pages the currently selected channel and parameter information is displayed on the upper part of the screq
the parameter value on the lower part of thersen.

Page Selection ButtondVhen one of the buttonsIPUT, <OUTPU¥ or UJTILIT¥ is illuminated, theip o > and
down g > arrows wil also illuminate, informing the uséhat these buttons may be used to scroll through the vario
pages of paramets that may be viewed and edited. TRENTER button is used to confirm an operation such as
storing or recalling a preset or snapshtitwill illuminate when the user is being invited to press it. It will flash when
warning the user that pressing this tbon will activate an important function.

Menu Buttons There are three buttons to determine which sectiofthe deviceto view or edit. The @UTPUF

button displays pages of parameters associated with a particular output channelINBE/® button dispays pages of
parameters associated with a particular input socket or input DSP channel. Prdsiftdip<or <OUTPU¥ buttons
repeatedly will scroll through the inputs/outputs of the processor. After the last channel, navigation returns to the|
Homescreen. The UTILIT¥ button displays pages of miscellaneous parameters not associated with any particuld
channel. Whilst in Edit mode, one of these three buttons will be illuminated. They are mutually ex¢lps#gsing one
of the buttons will deselect anytioers that are activePressing Utils will escape back to the Home screen.

Input Signal IndicatorsA set of five indicators shotBges -128 DdBé & | 1% &F2NJ S+ OK 2 7F
GA¢ BEACGADEI® ¢ KS AA Ty LINB & Prgximatelyt4d xEd| gividghatusefdl indidddon i evéni
NBfFiAGSt e 26 AOfHUdZOA VARG 2 NBS ASNR oA KBy SR (12 aKz
useful for setting system gain structure.

Input Clip/mute Indicators- warn theuser of input overload and operate atiB before clip ¢@® & Yy RA Of
only come on when all other signal lights are illuminated. This indicator also shows a muted inpuarstitél remain
illuminated at all times whilst mute is actieput mute is turned on/off in the fNPUT>gain pageThis indicator will
also flash regularly if a Module Group has muted this channel.




NETWORKED

THIS UNIT MUST BE EARTHED

AES3 1&2

AES3 3&4

OUTPUTS

AES3 5&6

AES3 7&8

AUDIO
INTERFACE

|

MAINS 100-230V 50-60Hz 30W

Audio Input ConnectorsAll audio connections are fully balanced and wingid-1 to ground(as required by the AES44
standard), pin-2 hot & pin3 cold.When AES3 operation is selected on an input pair, the Odd channel connector is
for both channels (e.a. Input 1 is used for channels 1 and 2).

Audio Output ConnectorsThe processed outputs are impedance balanced,veined: pin-1 directly bonded to
ground(as required by the AES48 standranin-2 hot and pin3 cold.When AES3 operation is selected on an output
pair, the Odd channel connector is used for both channels (e.g. Input 1 is used for channels 1 and 2).

Auxiliary Port The auxiliary portnay be configured toecall snapshotsr apply muting

Ethernet Communications PorfThe devicemay be controlled entirely from another controller, typically a Personal
Computer, running an application that is compliantmthe ObCom standard such &gstem EngineeConnection will
normally be made to the controller via this Ethernet port connector. This port is also used for updating the firmwg
the unit.

Networked Audio PortsThe AS@8 has the option fonetworked audio ports; if none are required a blanking plate
gAff 0SS FTAGGSRG ¢KSNB I NB &S 3S NI . .fForaifullist @efse costiNbuy S i 4
vendor.

Power Inlet The Linea Research A8&unit should be connected tosalitable mains electricity supply using an
earthed IEC C14 connection power lead. The processor has a switch mode power supply that is capable of ope
with a nominal mains voltage of 85V to 240V, 50/60Hz withotdaefiguration.

NOTE: The ASIB must be earthed to a suitable power earth; failure to do so may affect performance and/or
operation and will invalidate warranty and could be potentially hazardous.

d
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Operation

Starting up the urt

The unit will power up as soon as power is applied to the IEC power inlet; there is no power switch.
When power is present the unit will go thugh its startup cycle- first all theindicators will

illuminate then go off, while the screen displays the boot loader informatitext the screen will
display the application firmware informatioandall the mute buttonswill illuminate. The display

will then show theHomescreenindicatingdrive module configurationghe mutes willthen return

to the state they were in when the unit was powered off.

Overview of Modules, Presets Components and Snapshots

ADrive Modulerepresentsa loudspeaker substem (e.g. Sub and Compositeénd comprises one

input channel and a number of output channels, associated withanwher by routingThe size of
the Drive module is determined by the number of outputs i ite device may contain up to four

Modules.

Output 1

DSP Input A

Output 2

AModule Preseis a collection of settings (parameters) for a Drive Modhfila particular sizeThe

Preset contains a set of parameters for one input and a set of parameters for each of the outputs in
the module When a Module Reset is recalled, it will automatically change the routing between

Input DSPs and Outputs, consuming a number of outputs according to the size of the Drive Module.
Recalling a Module Preset thus alwaysates a Drive Module wittonsecutive outputs.

Output
component
Input parameters
component
parameters Output
component
parameters

A Components a collection of settings (parameters) for dirgput or output) channel. Any one of
the output components in a Module Preset may be recalled to any individual output.
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[———Component

These concepts amepicted in theSystem Engineapplication as in the following example of a 2
way Module:

input output
DSP input name module preset recall OUT  Source name component recall

ARl Left 45 DF1815 1 D5PA Sub 49,1 DF1815.5ub

store arrange 2 D5PA Composit | 49.2 DF1815.HighMid

A Snapshots a devicevide representation of most of the settings in the device. This is represented
as fourlnput Componenhumbers,eight Output Componat numbers plus a number of machine
centric settings such asuting andinput/Output Analogue/Digital selectioatc.

Output 1 component number
Qutput 2 component number
Output 3 component number
Output 4 component number
Output 5 component number
Qutput 6 component number
Output 7 component number
Output 8 component number

Input A component number

Device Input B component number

Settings

Input C component number

Input D component number

Drive Modules

TheASEA8 uses Drive Bdulesto representloudspeakesub-systemsDrive modulesesult inaless
processofcentric and more speakagrientated system desigi drive module islefined aghe
processingprovided by one Input DSBhd a number of atputs, which are associated with one
another by means of routing=or example, if Input D3Pis roued to autputs 3 and 4, then this &
2-way Drive Module; input DSP. F 2 NJY A 3581Q (| @ 5 y W Miput DSRlanf R préviding the
driver-related control.The Input DSP parameters then control the Drive Modaitel thus the
speaker suksystem).The Drive Module control panein the System Engineepplicationis then

used for control and monitoringf this subsystem

Device Name DSP Input Input Name

( OVERLAY NETAUDIO  ONLINE
omnur ® @ @®
r UnIT 001 }

A Subs B Left C Right D Infills

@ @IFNTFR et L — e =
C UTILITY @ \ - /ﬁ_/zs = \ - ;3 “&c/.

Physical Input Outputs assigned
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Drive ModulePresets

Presets daot change the settings deviegide. Rather, recalling a Module Preset creategiaeD

Moduleo 8 WO2yadzYAy3aQ I ydzYoSNI 2F 02y aSOdziA @S 2 dzi Lz
the preset was recalled on and those outpulse parameters in that Drive Modubze then set

according to the parameters in the components in the ModulksEt.

Note however, that modules with neconsecutive outputs can be created by manually manipulating
the routing, andhen recallingComponent Presets the individual outputs The resulibhg system
can then be stard in aSnapshatSuch a Module cannot be saved in a Module Preset.

Note: DSP inputs are not the same as physical inputs. The483@s four audio inputs and four
DSP inputs. This is a matrix mixing system whang physicalinputs, bethey analogue, AES3 or
networked audio feed, can drive any number of DSP inputs.

Component Presets

A Component Preset represesithe processing for just one output. Any part of a Module Preset may
be recalled to any one outpuf Drive Moduleeomprised of parameters which have been recalled to
its outputs using Component Preset Recalls can then be savediotibest Module Preseprovided

the outputs remairconsecutivei.e. you have not changed the ring manually) If the routing has
been changed manuallthen the whole arrangement may be saved int8 @apshatAlso see
Snapshotsnd Recalling @mponens.
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Navigation and Designing Crossovers

The AS@8 hash0 Drive Module presetiocations and these can be stored and recalled from the
<INPUP pages, for the channel being viewd&a. design a new crossover, press the desildPYdP
or <OUTPU® button to enter the pages where the parameters £ach of the channels are shown
Once in these pages the gp >and down<q >buttons willscroll through theprocessing
parameters foithe selectedinput/output. Pressing theIIPU® or OUTPU% button repeatedly
will scroll through the channels. This allows the user to enter all the parameters for each of the
channels in the signal chain or enter each parameter for each channel one after arfother.
parameter may be adjusted when it is displaysdturning one of tle threeparameter encoders
O0Af B A ZNOD a

Each of the thre@arameter encoders is associated with a zone on the display. Adjusting the

leftmost parameter encode®A¢ will change the value of the parameter showing in the leftmost

zore of the display abové K 8¢ aF YR &2 2y d ¢dz2NYyAy3a |y SyO2RSN Of
a parameter, or anticlockwise will decrease it. The encoders are vekmisitive so turning an
SYO2RSNJI N}LIARt& gAft O dz&alue chanfes mdbapilg y G2 WIFH OOSTt ¢

N\

b2iS GKIFd GKS LINBaSyOoS 2F |y OGABS 20SNIl e 2y 2
appended to the displayed parameter valg& ® 3 ® & tSeeDeefaysw 6 ¢ ®

OVERLAY NETAUDIC  ONLINE
@ mnmn@ N =\ @ @ ®
—

INPUT [FNT n LIM ’Thres Over § VxMde
/ \ 18" 0.0dBufj|| 4.0dB | Off == =
3 ]

7
\“/ U ILITY @ = = =4

FactoryModule Presets
The device may conima library ofFactory Presetdesigned to suit a range of enclosures.

Factory Presetsaycontain some parameters that are fixed and hidden from view; the remainder of

the parameters are available for user manipulation. The number and type of hiddemetma is

dependent on the Factory Preset, typically crossover frequencies, output delay and some EQs are

hidden; those settings that are a function of the loudspeaker cabinet design and should not require
adjustment for different applicationszactory Preetsk N3 f 201 SR ol a AyRAOIGSR o
the Preset name) so they cannot be owenitten. The user can, however, store an edited version of

a Factory Preset in any free preset location.

In addition to theFactory Presetthe device may have Nli KSReletoWPrese® ¢ KA OK g Af f KSH
create new presets. They can be used to develop settings for any loudspeaker combination and are
recalled in the same way as thactory Presetdescribed above. These Presets are also usually

locked but the usecan name and store their own edited versions in any free preset location.

StoringModule Presets
Once adrive modulehas been created can be stored by pressing th&N®UP button until the
edited channel is reached, then pressing the dowen> button until store pageis reachedUsing

A A OVERLAY NETAUDIO  ONLINE
:@ ouTPUT @ A =~ @ @ @
/ \\[N~ = @\FN = STOR | Preset Name 21
// //_ SUBS 40 2 x 18 BASS / % @\\\\ f;
Z,

@u TILITY @V X - = ~ 2/ \4/ -.4\::. )




SYyO2RSNgAf £ OKI y 3S . WhénShe tastiBaiidh presygt izveacted,) pressthe

<ENTER button will enable the name associated with that preset to be changed. Once the name

changing is active, the characiérz 6 S OKI y3ISR gAfft 0AS EAth&f A IKGSR |
OKI NI OlG SN Bea MyAd th®ylRRgSRaNittegpositions Once the new preset name

has beerassembledthe operation can be confirmed by pressing tHENIER button, then a

mesil 38 gAff 0SS RAA&LIJ &5 RSpressigENTERWIlsPore he pfeBet. N 2 NJ

Note: Storing aDrive Module presetfor a modulewhich is not configured with consecutive
outputs is not permitted.

Note: When storing a Drive Modulpreset an the device, Component Names cannot be edited. To
change Component names, the Module Preset must be saved ifSystem Engineeapplication.

RecallingModule Presets

To recall @rive Modulepreset, pressthe INPUP button, thenuse the down<qg > button navigate

to the RECL Preset padgsingheencoderdAé g Aff aONRBff UGKNRdAAK (G§KS LINF
desired preset is reached, pressirgNTER will display the messagEnter to confirm og to

S E Aptessing<ENTERwill recallthe prese. Note that presets do not contain and do not disturb

parameter OverlaysSeeQverlays

/7\ /’7-\ OVERLAY NETAUDIO  ONLINE
@ ouTPUT @ - o @ @ @
2) {

@ INPUT | EMTER RECL | Preset J Name l
;\ =
_ f SuBs 40 2% 18 BASS ) \ ,z/ (
@% UTILITY @ = - - o k // «\ j/}‘

RecallingComponents

To recall a Componetreset(to a single output)pressthe <OUTPUP button, thenusethe down

<g >button navigateto the RECL Presetpape | a Ay 3 GAS 4S5y @2 RONR f & (0 KNP dz3
componentpresets availabléas indicated by the ModulePreset.Component number and
ModulePreset.Component namajVhen the desiredomponentis reached, pressing=NTER will

flash theEnter button. PressingENTERagainwill then recall thecomponentpreset.Note that

component presets do not contain and do not disturb parameter OversgaOverlays

R\ 2 OVERLAY NETAUDIO  ONLINE
@ UTPUT @ A N @ @ @
\\ @‘ = F RECL] comp J Name ‘

= SUBS 40.2 SP28.Mid E;
{/ UT‘ET:/'@ Y & - gﬂ/‘ @ @)
&/ & \\ =
A s

A B8 Cc

Also se&napshots
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Input

AES3 / Network Inputs

In addition to the usual analogue inputs, the AB@ alscaccept AES3 digital inputs. The same
physical XLR sockets are used for both Analogue and AES3 inputs; the function of these being
determined by theTypeparameters in the Iput Typemenu. The Input sockets 1 and 3 are used to
input pairs of AES3 channels,sitingthe input to YAES8bn either Input 1 or Input 2 will cause the
other channel to change also. Similarly, adjusting the setting of Input 3 will affect Inputvcand
GSNEIF® 2KSYy 'y AyLdzi a201S3G Aa icat® tinBedtheSiput T2 NJ ! 9 { c
meterswill illuminate.

TKSNBE A& y2 Wail yiRsibétdRen Afatde) DénkeSind MBI3 bolit ingyde 3 |
necessary to adjust the digital inpgains to normalise then&o that the relative gain between an
Analogue input and an AES3 input can be normalised, it is possible to adjust the gain of the AES3
channel using the Input Route AES8n parameterFor example,d achieve 0dBFS = +18dBu, set
the digital trim to-2dB. To achieve OdBFS = +24dBu, set the digital trim to +4dB.

This device will automatically select the correct samale from the incoming stream between

28kHz and.08kHz.

When the Digital Audio Network option (e.g. Dante) is fittiéés also possible to select any

channel(s) as being sourced frdhis network. To do this, connettie audio network connection to

the connection orthe rear of the ASC, and set the relevant InpypemenuTypeparameter to

G5 yiSé 6F2N SEF YLIX Sd0

When the Digtal Audio Network inputs installed and routel G KS b S ! deBthe2 ¢ Ay RA O
encoders will illuminate. Aisindicatorwill come on even if there are nmablesplugged into the
networkedaudioport on the ASC.

Again, it is possible to s#te relative gain between an Analogue input and the Digital Audio

Network (Dante) using the InpdrimDante gain parameter.

This device will automatically select the correct sample rate from the incoming stream.

For other details on the operation of thHaigital Audio Networkplease refer to the relevant
Y|y dzF | QlicdoheBiaidna

Automatic Input Selection (Fallover)

When a Digital Audio Network input is installéds possible to configure the input selection to be
automated. The Input TYPE scrées a Fallover parameter, which defaults to Manual, allowing you

to select what Type of input you wish to use. When Fallover Dante>AES3 is selected, then the Dante
source will be automatically selected if it has a valid audio stream on it. If the Daséesthould

fail, then AESS is automatically selected instédate that automatic selection will take precedence

over manual selection, so if you try to manually select Dante when there is no valid Dante stream,
then it will revert to AESSimilarly, if Bnte>Analogue is selected, then Dante will be selected

unless the stream fails, in which case AES3 will be used.

Gainand Polarity
The gain page of the input channel selected allows users to increase or decrease the amount of
signal going into the seleadenput.! a A y 3 SAY O # R §dlthe@dule ii 0.2dB steps from
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-40dBto+20d® ¢ KS LINBASYyOS 2F |y I OGUADBS DNRdzZL) h@SNI I &
(SeeQverlay$. This page will also allow users t@aolge the polarity of the selected input from

Y2NXYIFE (2 NBEOSBEHR®G: daAFEISEYRRRGN Sy 6KS aSt SOGSR
Delay

The delay page which controls the amount of delay associated with the inpubehselected and is
adjustablefrom 0to 998ms. The delay parameter is adjustable in fine steps at low values; the

adjustment becomes progressively coarser as the value increfisegresence of an active Group

h@SNI & LI NFYSGSNI Aa.See@Pifa@l SR 608 GKS WOBQ adyYo?

High Pasgilter

System high pass filtering is provided for the input signal. Filter type is selectablé*fanaer,
Butterworth, Bessel, LinkwiRiley and Hardman. Filter slopes of up to 4th order or 24dB / octave
are provided. Not all lter types are available in all slopes. For example 18dB / octave LirRilaiz
filters do not exist.

The Hardman type filter is always described by its order as the filter becomes progressively steeper
rather than following a linear slope so a dB/octalascription is not accurate.

Parametric Equalisation
There arenine stages ofequalisationavailablefor each input channethree shelving filters and six
parametric filters.

FIR Shelving EQ

The Input High Shelf EQ is implemented using a Finite ImRelsgonse (FIR) filter, and exhibits a

linear phase response; that is all frequencies are delayed by the same amount. This can be important
in applications where different amounts of EQ are applied to different parts of a speaker cluster,

such as to add "fow' EQ boost so that parts of cluster which are throwing further can have HF
absorption correction added. If this EQ is not linear phase, then the zones where the speakers
combine may suffer frequency response anomalies.

Being a linear phase FIR equaligkis necessarily introduces some latency delay, which is constant
regardless of the settings. However, when tBeabl€parameterhA & aSG G2 ahFFE€X Al A
the signal path entirely, so it does not add any lateficg A Yy 3 SAY O # R Sdithe@dquieyicy

parameter from RHz to DkHz using encodedBe will enable/disable the fier, and using encoder

& oAttt OKIFy3aS (KS OdziThe ndsenc dfarn active/GrouptOv@lay A Y ONB Y S
LI NI YSGSNI Aa AYRAOI appdhded © theiGaid val@eéerlayd Yhe Btér o SA y 3
(and its associated latency) can be completely removed by settingrthleleLJ: NJ Y S G SORFE2 G KS
positonb 2 S GKIFIG GKA& 9v Oly 2yf&ayd% dzaSR Ay az2Rdz S

Also sed_atency Delay

Parametric Filters

Parametric filters are defined by frequency, bandwidth and gain. The frequency is controlled by
SyO2RSNJIYWR NI y3ISa HANPWbandwititfishown?as Wigthtothg screenis

O2y UNRffSREOR YRY QA2 RSB 4G T NP Yaves BamdwidtBcAribe éh@vn (2 p dH
and adjustecasv = 2 NJ hOlUl 8S& o0hOG0® DI AY adiusteddR.30BNRf f SR 0@
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pufi
(@]
()

increments The presence of an active Group Ovetldy NI YSGSNJ A& AyRAOI GS
appended to the Gain valu&eeQverlays

Also sedBandwidth Unitsn Utilities.

Routing

Routing allows users to route any physiaahlogueor digital signathannelto any DSP input. This is
effectivelya matrix mixing system where all DSPs can be driven from any one angtam pairs of

A Y LIARR BEY 1+& J+48 2+3% 249 Summed inputs have 6dB of attenuation so that a
sum d largely similar programme material remains at the correct calibrated level.

Output

AES3 outputs

In addition to the usual analogue outputbe ASC also all@woutputs to be sent digitally using
AES3The same physical XLR sockets are used for both Aleadogl AES3 outputs; the function of
these being determined by the XLR parameters in the Output Route menu. The Odd numbered
output sockets are used to output pairs of AES3 channels. When an output socket is selected for
1 9{ 0o 2LISNI (A 2y Zruidé e dutplbérgraphsvililRihidate i 2

The output sample rate for AES3 will always be 96Kz calibratiorbetween analogue and AES3
levelsis 0dBFRAES3¥ +20dByAnalogue)

Gain and Polarity

The gain page of the output channel allows userstoease or decrease threlative signal gain for

GKS &St SOGSR 2 dz&élidaindi ! a0y Iy 33/ QizkRSS MOHB talz80dB. Y 1 ®H R.
This page will also allow users to change the polarity of the selected output from normal to reverse,

usingS y 02 BESINI &

Delay

The delay page controls the amount of delay associated with the output chaalested and is
adjustablefrom 0 to 998ms. The delay parameter is adjustable in fine steps at low values; the
adjustment becomes progressively coarser asvéii@e increases.

High and Low pass Filters

High passand Low passrossovefiltering is provided for the output signal. Filter type is selectable

from 1% order, Butterworth, Bessel, LinkwiRiley Hardmanand LIR Linear Phaded A y 3 Sy O2 RS NJ «
Filter slopes of up to 8th order or 4B / octave are provided. Not all filter types are available in all

slopes. For example 18dB / octave LinkyRtley filterscannot be selected because thdg not

exist.

The Hardman type filter is always described by itseossk the filter becomes progressively steeper
rather than following a linear slope so a dB/octave description is not accurate.

LIR Crossover Filtering

Unique to Linea Researah,| Ary §ILJdzf 4 S w RB)&rodBofer BiéringdgivasLinear Phase
crossover which has a constant delay regardless of frequency (unlike other types of crossover which
delay different frequencies to a different extent, thus smearing the arrival time). The LIR crossover
can thus be described as having a flat Group Delay respansl thus entirelyjree of Group Delay
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Distortion, this is exactly the same as can be provided by common FIR filtering but without the
complications and disadvantages inherent with the FIR technique.

The shape of the LIR crossover filtesimilar toa4™ order LinkwitzRiley filter, and maintains zero
phase difference between the adjacent bands across the crossover region to keep the polar
response rock steady.

Note that very narrow bandwidths are not possible with this crossover type. If the Low Pass
FNEIljdzSyOoe Aa G22 Oft2aS G2 GKS | A3IK tlaa FNBIdSyC

Linear Phase filtering necessarily introduces delay; the laws of physics demand it. To keep this delay

to a minimum, it is recommended that more conventional crossover shapeh @s LinkwitRiley)

are used for the very lowest frequency higass edge, particularly if this is less than perhaps 100Hz,

which is well baw the frequency thought to caudedzRA 6t S WDNR dzLJ 5Sf & 5Aad2)

This constant delay will depend on the lastdighpass frequency used in the crossover filters in a
given Drive Module

Also see the section dratency Delays

Parametric Equalisatioand AlPass Filters

There are ten differenEQfilters; two shelving filters ad eight parametric filters. Parametric filters

FNB RSTAYSR o0& FTNBIdSSyOes: oFlYRHARIK MYRYRIAYyd ¢ FK
ranges from 10Hz to 25.6k. The bandwidth, shown as Width on the screen, is controlled by

Sy O2 BS NJ yaR rdlih 0y18 &tavestto 5.2 octaveBandwidth can be showand aljustedas

v 2NJ hOill gSa 6hOGod DEAVYRAAD2YDNREE SRSOBY SYOBRS

Any of the six Parametric filtecainbe used as AlPass filtersWhen a filter is set to INPass mode,
GKS DFAY LI NI YSGSNI Ot dzS ¢ This $etting knaydnlge énga@gdd br t | & & €
disengaged from th&ystem Engined?C application.

Also sedBandwidth Unitsn Utilities

Limiters

The AS4S8 includes three limiters in the output signal path. Please note\lnlst the Limiters in
this product offer protection foamplifiers and driverghey can never protect from all possible
scenarios, thereforéinea Researdl notresponsiblefor any damage which might occur.

VX Limiter (Unique to Linea Researgh

This is a pealletecting signal limiter. The VX Mode parameter determines the style of limiter. When
Virtual Crossover (VX) mode is off, the limiter is controlled in a conventicaraien the only

controls being Threshold and Overshoot.

The Overshoot limiter prevents the signal from exceeding threshold during the attack phase of the
main limiter by more than a predetermined amount. The optimal Overshoot setting is usually about
8dB[ 26 SNJ h@SNAK220G aStdAy3aa ¢gAff ad2dzyR LINRPINBAAAC

When VX mode is engaged, theuseréai2 2 aS (G KS ONPR a1d2 &S WNRPIBAAE DSANR S|
incorporatestwo limiters per outputsothe usercanindividually limit the drivers in a passiveay
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enclosure using individual thresholds, and optimised attack and release characteristics foFteach.
Threshold of thesecondW | lilni€2r issetrelative tothe threshold of the firstV [ lniger.

Theeffect of the VX threshold and split frequencytbe Limiter curvecan be seelin System
Engineer

This Limiter introduces some delay. In AéX mode, ltis delay will depend on the lowest higlass
frequency used in the crossover filters in a given Drive Module. In VX mode, the delay is elated t
the Split frequency. This delay will be applied to all of the outputs in a given Drive Module to keep
them in phase.

Also sed.atency Delays

Tmax Thermal Limiter

The Thermal Limiter is intended to protect the driveaiengt damage due to ovédreating. It models

the temperature of the driver, and constrains the output signal level in order to keep the average
output power below a predetermined limit, applying attack and release characteristics to go some
waytowardsmode f Ay3d GKS O2YLX SE GKSNXYIf OANDdAG 2F |
Three parameters are available for adjustment:

Threshold; the continuous RMS voltage which the driver should be able to withstand. This is
calibrated at the output of the amifier. The Thermal Limiter can be defeated by setting the
¢CKNBAK2fR (2 GKS YIFIEAYdzY ah¥TF¢ @t dSo

Attackg The timeconstant of the speed at which the driver heats up (in seconds).

Release The timeconstant of the speed at which the driver cools down (egped as a multiple of
the Attack time).

Also seédmplifier Gain

Xmax Excursion Limiter

The Excursion Limiter protects the driver against excessive linear movement of the cone and voice
coil which could otherwise causeechanical damage. Since this movement (excursidajgsly

related to the inverse of the signal frequency, drivers are prone to being damaged by very low
frequencies. This limiter is progressively more sensitive at lower frequencies and, rather thiag var
the gain to provide the limiting action, it uses a sliding kpgls filter to progressively curtail the
low-frequency response,fiectively limiting the lineaexcursion to below the-¥hax specification of

the driver.

To set the limiter up, it is nessary to know the shape of the family of ExcursimrFvrequency

curves of the driver for various drive voltage levels. A curve should then be chosen where the slope
is high where it passes though the specifiedax value for the driver. The peak voltaged

frequency of this point should then be noted.

The Xmax limiter igsuallythen set up using just two parameters:

Threshold; the peak voltage of the point arrived at above. This is calibrated at the output of the
amplifier. The Excursion LimitercarS RS¥SI 6SR o0& aSGiAy3 ¢KNBaK2fR
Frequency, The frequency at which the above threshold voltage is appropriate.
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I FdzNI KS NMihgd- NGFYeS - SN2 6S | @FAELFofS T2N Y2NB
increasing limitingctionat lowerfrequendesto leveloff below a certain frequency. In most
application, this would be left set to its default value of 5Hz.

Amplifier Gain

Expressed in dBhis is thegain of the amplifier which the output of the ASCA48 is feediigsvalue
must be entered to allothe ASC to correctlgalibratethe thermal and excursiolimiter for the
amplifier in use

Routing

Outputs can be driven from any DSP inftiis routing is the fundamental means by which Drive
Modules are createdRouting shold always consume outputs consecutively alphabetically and
numerically. However, norconsecutive Drive Modules may be createsing manual routing and
Recalling ComponentSee thedrive modulesectionof this user manudbor more information.

AES

AES outputs are switched in pairs fro®ystem Engineear front panel.The limiter calibration for
AES3 outputs is 0dBFS = +20dBu.

Utility Pages

ScreenContrast
The Screen page inK STILdTY & S4adljlisks2hyg contrastand optimal viewing angle the
screenfromOM N /82 AY M2 AYONB XSy Ga dzaaAy3d SyO2RSNI

Stereo Linking

Stereo linking is availtd®between DSP Drive Modules B&ndbetween C &. Changing a
parameter in eitler of the stereo linked Drive Modules will change the other linked Drive Module.
Stereo linking is controlled by tfTEREQJF 3 S MUVILITY K & S¢ dzd

Note: Stereo linking will only work when the linked Drive Modwdes of equal size
Note: Stereo Linkipstate is not gired in Presets (but is stored in Snapshots)

Current Ethernet IP Address
This may be viewed K SIP Quré  LJI 3 SSUTALITY { K STiiszalue cannot be edited.

IP Mode

¢KS 9GKSNYySi Lt FI'RRINSAANNYYRKRo&SS | dABBIKDE mdrS ad
RSGSNN¥AYSR 068 (KSAUTLITY avRBkd LI IS 2F GKS
WARNING; Do NOT use Static mode unless your IT system specifically requires it. Auto mode

ROI

daK2dZ R Ffgl&8ad 0S dzaASR GKSNBE L123a3aA0A802KWSNERRY O &K

the System Engineeapplication. When in Static modehe IP Addressvill flash on theHome
screen.

Also sed=thernet Configurations
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IP Static
This allows the Static Ethernet IP addressaabjusted by the three rotary encodens the IP Static
page of thedUTILITY Y ST¥fisfzsiyewill only be visiblewhen in Static mode.

Store Snapshot
This pagef the JUTILITY Y &libwig a Snapshaif the deviceto be stored

Also see&napshots

Recall Snapshot
This pagef the dUTILITY Y @liwiz a Snapshot to be recalled.

Also seé&Snapshotsnd Aux Port

Bandwidth Units
This page of théUTILITY Y &libwigthe Bandwidth of Parametric Equalisers to be viewed and
FR2dz2 G0 SR Ay SAGKSNI hOiGl #Sa 2N WwvQo

Aux Style
This page of théUTILITY Y &libwig the action of the Aux port to be viewed and adjusted.

Also seédux Port

Ethernet

Ethernet configurations
IP addressing in the Device daamcompletelyautomatic;No setup is required

Whenfirst instaling and launclng System Engineethe computer Firewalimay asko allow System
Engineetto access the netwottNOTEThismustbe allowed.

DHCP

There are two primary IP address rangeme used when there is a DHCP server, and anathér A y
[ 2 Owhier@there is no DHCP server (so the Device and the Computer will instead use 'fato IP'
allocate themselves an IP addrg$oth the device and the computer must be in the same IP

address range. la local network environment such as an offigkere there is a DHCP server, both

the computer and the Device will be in the DHCP IP address ramgigo will connect immediately.

AUTOIP

The cevice will initially search for a DHCP server when first switched on (during which time its Online
Indicator will be flashingAs t can takeup to one minuteto establish that there is no DHCP server
available, this is the time it may takefoee Auto IP is entered

Please be aware that it can also take some time from a computer being switchircorisolated
network (without a DHCP server unplugiedfrom a networkwith DHCRo time out of DHCP
searching, s will not connect immediatly to amplifiers that are already using Auto IP. The time it
takes before it decides to revert to Auto IP depends on the operating systerhdaut take several
minutes to acquire an Auto IP address.
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StaticIP

If the device or the computer hasstatic IRPaddress setSystem Engineanay not be able to 'see'
the device if it is in a different IP Address rafige in a differensubne). Unless there are good
reasons it is best to avoid the use of static IP addressing if at all possible.

IP Troubleshooting
If System Engineerannot comect to the device

1 A Router acting as a DHCP server is highly recommended as this provides the most trouble
free way of administering IP addresses. Alwawyigch onanyDHCP server before connecting
either thecomputer or ASC to the network.

T If not using a DHCP servehngck that the Current IP address in the device is compatible with
the IP address of the computer. Generally, the leftmost two sets of 3 digits should be the
same.

9 If there is no Router in the sigsn acting as a DHCP serveaitld0 minutes (for the
computer to acquire the correct IP address) and try again.

T Check that the Firewall in the computer will all@ystem Engineexccess to the networfor
both private and public networksPlease réer to the Help feature in th&ystem Engineer
application for further guidance on this

Snapshots

A Snapshot may be recalled either via the device User Interface, froBygtem Engineer
application or via the AUX port on the rear of the ASC

The snapshot menu is accessadthe utility pagesRecalling a Snapshwitggers the recalling o&
Component to each input and outpiandmay changether devicewide settingseffectively
recalinga processotvide preset.in addition tobeing albe to recall snapshots frof8ystem Engineer
andfrom the ASC's front panesome of thesnapshotsare alsorecallable from the auxiliary port.

Also seeAux Port

The parameters insidine Drive Modules are not individudly stored in Snapshot&ecalling a
Snapshot will merely trigger the recall of the appropriltput and Output Componentsather than
restoring the parameters that were active when the Snapshot was stored. This has the distinct
advantage that the librargf OEM presets may be updated without having to be concerned about
what parameters might have been saved in users Snapshots. It does however require that any
existing edits tadhe parameters irDrive Modules are storenhto DriveModule presetdefore a
Sapshot is stored.

Also sedDverview Of Modules Components and Snapshots

AUX Port

The AUX has two inputs, X & Y. These allow simple contact closure devices (relays or switches) or
external logic signals to changeetktate of the amplifier as described below. Connecting an AUX

input to ground (the earth symbol) will trigger it; there is no requirement for an external voltage.

| 26 SOSNE GKS LRNI& OFy Ffaz2z 0SS (NARIBINETR SRANBOUE
below+05vV52 y2G O2yy SO0 aeadsSvya AT GKSANI f23A0 WKAZ
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The AUX port may be configured to work in a number of vegyadjusting the Style parameter in

the Aux page of th&tility menu

1
T

None- No operation

2+Mute (Event or Stateq Either Snapshot 1 or Snapshot 2 may be recalleabipyyinga
momentaryor staticconnection to an Aux port terminal, or the device may be g
Grounding both Aux port terminals
3 Snaps(Event or Stateg Eithe Snapshot 1 or 2 or 3 may be recal®dapplying a
momentaryor static connection pattern to an Aux port terminals
4 Snaps(State) ¢ One of the four Snapshots 1,2,3,4 may be selected by apphstagia
connection pattern to the Aux port terminals
3+Mute (State) - One of the three Snapshots 1,2,3 may be selected by apphstagia

connection patten to the Aux port terminalsyr the device may be mute by Grounding both

Aux port terminals

The following table shows the action taken for various Awnection patterns in the various Aux

3 Snaps ACTION
(State or Event)

4 Snaps ACTION
(State)

3+Mute ACTION
(State)

No Change

Recall Snapshot

Recall Snapshot 1

Recall Snapshot 1

Recall Snapshot

Recall Snapshot 2

Recall Snapshot 2

Recall Snapshot

Recall Snapshot 3

port modes:
AUX X| AUX Y| 2+Mute ACTION
(State or Event)
Open | Open No Change
Gnd | Open | Recall Snaghot 1
Open | Gnd Recall Snapshot 2
Gnd Gnd Mute

Recall Snapshot 3

Recall Snapshot 4

Mute

Some of the above modes allothe AUX Port to be usedtber in Eventmode (whereby a
momentary puskoutton or momentary relay contact closure on ookthe AUX lines will cause a
Snapshot to be recalledr inStatemode (where a rotary switch etc. connected to both of the AUX

lines selects which Snapshotuse).

Some of the other modes only alld®tatemode, requiring the connection pattern to persist in order
for the Snapshot to be held as the current one.

NOTE: HRat if the contact closure port ibeing driven or if the Aux Style is set to one of thetate
modes this will override the snapshot recalketting in the menu(or in System EnginegrAlso
under these conditions,te snapshot menu items are not accessipbind theHome screen will
show the Snapshot numbegis a reminder

Also se&napshots
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Latency delay

All Digital Signal Processing, and conversion between different formats of signal
analogue/digital/network etc, necessarily introduce some delay (latency) to the signal path. Of
course, we strive to miniise these latencies. Small as they are, it is sometimes useful to know their
precise values. The following describes the principal latencies introduced by various parts of the
ASC48 product:

Input/Output Latencies
Analogue Input 0.385ms

OR Digtal input at 96KHz sample rate  0.5ms
OR Digital input at 48KHz sample rate 0.66ms

Analogue Output 0.402ms
OR AES3 Output 0.1ms
OR Dante Output 0.5ms (TBC)

Processing Latencigmited to a minimum of 1.53ms):

Input HiShelf FIR 048ya onvYa XRhoasSid G2 wht¥

LIR Linear Phase crossover 1.19ms/Fhp(kHz), limited to 30ms maximum **

VxLim Limiter (VX mode off) 0.12ms/Fhp(kHz), limited to 1.53ms maximum **
OR VxLim Limiter (VX nae on) 0.358ms/Fsplit(kHz), limited to 1.53ms mé&a»¥

** This latency figure is calculated using the crogsdyighpass frequency (in kHz)
¥ ¥This latency figure is calculated using the Vx Split frequency (in kHz)

Important tip: The preessing latency is constant at 1.53ms unless LIR crossover filters or FIR HiShelf
EQs are used, so normally you would just need to add the Input and Output delays to this constant
value.

If LIR or FIR are in use, the Processing latency of a Drive Modulasrease beyond this figure. The
Drive Module Latency may be viewed on the Latency page of the relevant Input DSP cHhaisnel.

can be accessdaly pressing Input then down until the latency page is reached.

When LIRis used the Vx Limitesantakethe overall latencyabove the 1.53m3Nhen high pass
frequency is set below 40Hz the filter will automatically revert to Linkwitz riley, this is set so that the
latency will not exceed 30ms as stated.

Note that the latency reported on the Latency screen in thglities menu does not include the
Input/Output latencies.

When using input FlIRlters, LIRor VX Limiters always check the view latency screerseethe
latency attributed to that Drive Module.
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Example:

Input/Output

Analogue Input 0.385ms
Analogue Output 0.402ms
Processing

Input HiShelf FIR (Off) Oms

LIR Linear Phase crossover (500Hz)2.38ms
VxLim Lim (VX mode on, 1KHz Fspli®)358ms
Total 3.525ms

Note that the latencies within a Drive Module are equalised among outputs of that Drive Module.
That is, padding delay will be automatically added to some outputs such that the total latency is the
same in each outputf a Drive Module.

This latency equalisation does not extend outside a Drive Module, so Drive Modules are not
guaranteed to have the same latency as @mother.

Secure Mode

When activated, this will disable all the front panel controls so they cannettatie signal path,
making the unit secure against tamperifigne only option that is left for user control is snapshot
recall. If this is not required then storing the same device state in every snapshot will effectively
disable this featurewhen in seare mode, the indicators still operate normally. To activate secure
mode, pressand hold the utility button for 5 second$o deactivate, presand hold the utility

button for 5 secondsWhen in secure mode, this will be shown on the display. Note that the
Ethernetcommunications port is still active in secure mode.

OverlayFlush

If the device has been used in Module Groups, and still has an active Overlay (as indicated by the
Overlay indicator), these can be removed by simultaneously pressing and haldihgdconds the
Utility and Enter buttonsSeeQverlays

Revert to FactorySettings

If you wishto erase all of your settings in the device and revert everything to factory settings, then
simultaneously press and hold for Sceadsthe Up button and the Mute button, then follow the

prompts on the display. Only continue by pressing the Enter button if you are sure this is what you

want to do. Otherwisgpress the Down button to escapalternatively, you can accedsis featue

FNRBY {2adGSY 9y3IAYSSNI I LI AOL (A 2y -rigatioktieReviteK S W1 | Y@
controlpaneEk 4 St SOGAYy3I WNBGSNI (2 FIFrOG2NE aSadiy3aQ
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Processing Block Diagram
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