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71.3 Analog XLR Wiring and Pin Out

All XLR connections are wired to IEC268 as shown in Figure 7-4.

Figure 7-4: IEC268 XLR Wiring and Pin Out
Pin 1:  Ground / Shield

Pin 2:  Hot (+)
Pin3: Cold (-

71.4 Unbalanced Operation

Balanced connections are recommended where possible. However, if it is necessary to drive the device
from equipment with an unbalanced output, wire the inputs as shown in Figure 7-5.

. HOT (
CcoLD
SCRN
SCRN
Unbalanced Output Balanced Input
(Typically phono) (XLR)

Figure 7-5: Balanced to Unbalanced Analog Wiring and Pin Out

The method shown in Figure 7-5 uses twin-and-screen (balanced) cable and standard XLR pin connections
at the LM 26 end, with the cold wire and the cable screen connected to the signal ground of the equipment
at the source end.

This usually provides better noise and hum rejection than the more common method of joining pins 1 and
3 together in the XLR. However, if only a single-core (unbalanced) cable is available, the method shown in
Figure 7-6 may be used.
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(=0 )
HOT HOT
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SCRN
3

Unbalanced Output Balanced Input
(Typically phono) (XLR)

Figure 7-6: Unbalanced Analog Wiring and Pin Out

71.5 Iso-Float Electronic Balancing
The analog input and output electronic balancing circuits use the Lake Iso-Float system.

The Iso-Float technology combines the benefits of transformer-coupled isolation with the advantages of
clean, direct-coupled inputs and outputs. The audio converters are galvanically isolated, and not connected
to the main ground. High-quality transformers and opto-isolators create a barrier between the device and
possible grounding aberrations from the outside electrical environment.

Iso-Float settings are adjustable via the front panel menu or the Lake Controller software.

7.2 AES3 Digital 1/0

7.21 AES3 DB25 Connector ©®

A DB25 connector, following the Yamaha pin-out standard, is provided for AES3 connectivity on the LM 26.

3 12 11 10 9 8 7 6 5 4 3 2 1
00O O0C000000O0

25 24 23 22 21 2 19 18 17 16 15 14

00O 18]

Figure 7-7: AES3 DB25 Connector and Pinout Reference

-
-
-

This single DB25 connection provides four channels of AES3 input and eight channels of AES3 output as
shown in Figure 7-4 on page 39 below. A detailed wiring reference is provided in Figure 7-8.
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AEST: Ch. 1 &2 AEST: Ch. 1 &2
AES2: Ch.3 &4 AES2: Ch.3 &4

Table 7-1: DB25 Input and Outputs

Figure 7-8 below provides a wiring reference for the DB25 connector.

BN

X I O
oo | |0 | o

Figure 7-8: DB25 Wiring Reference

Figure 7-4 on page 39 shows the only possible method of wiring; there is no equivalent of an unbalanced
connection in the digital domain.
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7.3 RJ45 etherCON® Network Connections

Two RJ45 etherCON style network connections are provided as shown in Figure 7-9.

ACT PRIM LINK ACT SEC LINK

L_ SWITCHED 100/1000 Base-T—I

Figure 7-9: etherCON Network Connectors

The network connections auto-sense whether standard or crossover Cat-be cables are in use. Pre-made
cables with moulded RJ45 plugs are recommended. If it is necessary to make up custom Cat-5e network
cables, use pinout described in Table 7-2.

o Golor
6 [Grmerevine
6 [Ongs T

Table 7-2: RJ45 Wiring & Pin Out Description

Brown

Brown / White
Green

Blue / White
Blue

Green / White
Orange

Orange / White

Figure 7-10: RJ45 Wiring and Pin Out Diagram

When the device is connected to an active network, the yellow LINK LED illuminates above the connector in
use. Data activity on the network is indicated by illumination of the green ACT LED. It is normal for the ACT
LED to flicker either sporadically or continuously.
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7.31 Primary Network Connection @

The Primary Network connection is used for Lake Controller connectivity and Dante digital audio. Please
refer to section 4.2 for additional information.

7.3.2 Secondary Network Connection @

The Secondary Network connection may be used for a redundant Dante digital audio network. Please refer
to section 4.2 for additional information.

7.4 GPIO Connection

7.41 9-Pin GPIO Connector ®

A General Purpose Input/Output (GPIO) connection is provided, allowing interface to external devices such
as fire alarm systems for emergency muting, processor power control, or preset recall. The GPO function
allows fault and state monitoring via external systems. Figure 7-11 in conjunction with Table 7-3 describes
the pinout configuration for the GPIO connector.

5 4 3 2 1
00000
9 8 71 6
0000

Figure 7-11: 9-Pin GPIO Connector and Pinout Reference

N C—

o [erom
o [erom
s oo

Table 7-3: GPIO Pinout Wiring Reference

GPIO configuration is available via the LM 26 front panel interface or via the Lake Controller software.
Please refer to section 6.10.4.4 of this manual for additional information on adjustment via the front panel,
and refer to the Lake Controller Operation Manual for information on adjusting via software interface.
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7.5 Universal Power Supply Connection

751 IEC Power Connector @

A universal power supply capable of accepting 70-265 V ~ 50-60 Hz : 30 W is built into the LM 26. The IEC
power cable provided includes a locking feature via a pin on the bottom of the connector; the connector can
accept standard or locking IEC power cables.

The power supply must be connected to AC mains using an IEC power cable with a correctly wired and
molded plug for the country of operation.
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8. Appendix

8.1 Faults and Warnings Overview

Fault or warning conditions are indicated by the LED shown in Figure 6-3 on page 16. As the LED indicates
several types of faults or warnings, a brief textual description of the fault or warning is provided on the LCD
display. Section on page 19 details the fault and warning indications that appear on the front panel. Table 8-1
lists the events that may have triggered each fault or warning condition.

LCD Text Event Log Text Description / Troubleshooting

ANALOG IN Frame Fault: There is a problem with the analog input. Verify signal and connec-
Fault :
FAULT Analog Input tions.

cLOCK AES Clock : The selecteq digitgl cl.ock and d?gital .input combination is not :
- Warning | aligned. Verify digital input configuration to ensure all clock settings
SLIPPING Slipping e

CTRL OFFLINE W The LM 26 is no longer ablg t‘o communicate with the Lake Control-
ler. Check network connectivity.

FAN FAULT Frame Fault: Fan Fault .Ther'e is g problem with the fan Qn the ITI\/I 26. To avoid overheat-

error ing, identify and fix the problem immediately.

INPUT MUTE Input X Mute Mute Arj input is muted; all Modules and outputs sourced from this input
will be affected.

NO INPUT N st S | Eaul No input S|gn§| of any type can be |dent|f|gd. Connect an input
source, or verify input signals and connections.

Temp Fault: DSP
area

The temperature has reached a critical 70°C (158°F). Turn the unit

OVERTEMP off or take steps to cool the unit immediately; continued operation

cannot be guaranteed.

PROTECTIVE Protective mute A processor mute state has been triggered via GPIO. Change this
MUTE via GPIO setting using the external control device.

The temperature has reached 55°C (131°F ). Monitor the tempera-
U=l LIElile Erie aiieh Warnin ture and take additional steps to reduce temperature if it continues
WARNING DSP area 9 o P P

: : The Lake Controller is no longer able to communicate with the LM
Frame Offline Warning -
26. Check network connectivity.
Module Input A Module Input has been muted. The mute is identified via the
Mute :
Mute associated Module Input mute button on the front panel.
Module Output Mute A Module Output has been muted. The mute is identified via the
Mute associated Module Output mute button on the front panel.

Sound Source T The input source has been changed either manually or by automatic

Changed input priority detection.

Table 8-1: Warning, Fault and Mute Indications (alphabetical by LCD Text / Event Log Text)
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8.2 Maintenance

During normal operation this devices provides trouble-free service. If the LCD or front panel display requires
cleaning, use a soft cloth only; do not use solvent cleaners. The dust filter on the right-hand side air intake
should occasionally be removed and cleaned to ensure maximum airflow through the device.

0 Disconnect the unit from mains power prior to removing dust the filter, and ensure the dust filter is
replace prior to turning the unit back on.

0 Do not use sharp or metal objects to remove the dust filter, and be careful that the implement used to
remove the filter does not enter the device.

In extreme cases it may be necessary to clean the inside of the device. This procedure should only be
carried out by qualified service personnel. This may be necessary if the device has had prolonged operation
in an extreme environment such as one where cracked oil smoke machines are in use. If the device is used
in extreme conditions, it is recommended to have it serviced every three years as a preventative measure.

8.3 Factory Default Settings

8.3.1 Module Defaults

Module Type: 2 x Classic 3-Way
Mod Input Mute: On

Mod Output Mutes: Off

Gain: 0 dB (unity)
Delay: 0Oms

Polarity: Positive (In phase)
MaxRMS: 20 dB

MaxPeak: 21 dB

Input & Output EQ: Flat

8.3.2 Input and Router Defaults

Autoselect: On

Input sensitivity: +26 dBu

Dante: Disabled

AESS: Terminated

Iso-Float: Enabled

Router 1: AES1 (Ch.1) as Priority 1, Analog 1 as Priority 4
Router 2: AES1T (Ch.2) as Priority 1, Analog 2 as Priority 4
Router 3: AES2 (Ch.3) as Priority 1, Analog 1 as Priority 4
Router 4: AES2 (Ch.4) as Priority 1, Analog 2 as Priority 4
Router 5: AES1 (Ch.1) as Priority 1, Analog 1 as Priority 4
Router 6: AES2 (Ch.1) as Priority 1, Analog 2 as Priority 4
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8.4 Glossary of Terms, Acronyms and Abbreviations

The explanations given in Table 8-2 below are based on the specific use of each term in this manual. The
definitions are not intended to be exhaustive and many of these terms have wider meanings.

Term Description

100/1000 Base-T

100/1000 Base-T is IT industry-speak for different standards of Ethernet network. This term incorporates 100 Base-TX, which operates
at 100 Mbps, and 1000 Base-T which operates at 1000 Mbps (1 Gbps).

Access Point

See Wireless Access Point.

Auto-Sensing

The Ethernet ports automatically determine the base speed of the network they are connected to (10 Base-T or 100 Base-T) and
configure themselves appropriately. This is termed auto-sensing.

Auto-Uplink

The Ethernet ports can operate with either straight or crossed network cables. This ability to connect correctly with either type is
termed auto-uplinking.

Auxiliary Output

Some of the configurations possible in the Lake processing system Modules result in a single audio processing channel being created in
addition to a crossover. This is termed an Auxiliary output.

Backbone

Large Ethernet networks are often implemented with a very high speed “trunk” part of the network topology feeding main switches,
which in turn support smaller, lower-speed local networks. The term backbone is used to describe such a trunk.

Bandwidth

The bandwidth of a signal channel or interconnection is the range of frequencies it is able to handle. The term can be applied to both
audio channels and Ethernet networks.

Cat-5e/Cat-6, etc.

Designations of industry-standard cables suitable for Ethernet networks using four twisted pairs of conductors. Often referred to as UTP
cable (Unscreened Twisted Pair). Cat-5 has generally been replaced by Cat-5e (e = ‘enhanced’). Either Cat-5e or Cat-6 cable are suitable
for networking Lake and Lab.gruppen devices.

An Ethernet network comprising several devices interconnected using the Secondary connectors to daisy-chain the units together is an

Chain example of a network with a chain topology.
Digital audio is produced by sampling analog audio at a known, fixed rate, controlled by some form of master clock. Problems can occur
Clock when interconnecting two pieces of digital audio equipment if their internal master clocks are not synchronized. Various techniques may
be employed to ensure that this is the case.
CPL Relevant only to PLM Series devices. Short for Current Peak Limiter, a Lab.gruppen protection technique which ensures that the

amplifier’s output transistors can never attempt to deliver more than their rated current.

Crossed Network Cable

An Ethernet cable in which four of the eight conductors (pins 1, 2, 5 & 6) are not wired pin-to-pin. Such a cable is required in conventional
IT networks to connect two PCs together without using a hub or switch. The auto-uplink feature of the Ethernet ports allows crossed
cables to be used if wished. See also Straight network cable.

A new-generation audio data protocol developed by Audinate® Pty Ltd, allowing multichannel high-resolution digital audio plus control

Dante data to be transmitted via standard IT-industry networks using TCP/IP data packets. The Lake processing system integrated within the
LM 26 includes a dual-redundant Dante network interface, providing digital audio inputs and outputs via Ethernet.

dBu dBu'’s are usually used instead of voltages to describe signal levels in audio systems. A signal level of 0 dBu may be taken as 0,775 Vrms.

Delay Up to two seconds of delay may be added to the input and/or output channels to time-align loudspeaker arrays.

Digital Gain Offset

Digital gain offset is effectively a ‘fine’ gain adjustment performed in the digital domain, which can be applied to digital input signals to
optimize the signal to the gain structure.

Distribution Amplifier

A distribution amplifier (usually abbreviated to DA) is an audio buffer stage — usually with zero gain — with one input and several outputs.
Mono, stereo and AES3 digital versions can be obtained. Use of a DA to feed a signal to several destinations ensures correct impedance
matching and isolation between source and destinations.

Dual-Network Topology

A network topology consisting of two (usually) identical networks, one connecting to the Primary Ethernet ports and the other to the
Secondary ports. Although more complex to implement, the advantage of using a dual-network system is one of greatly improved
reliability as one complete network remains operational if the other should fail.

Electronic Balancing

See Balancing. In the analog domain, balanced inputs and outputs may be provided on audio equipment either by the use of transformers
(traditional, very good, but heavy and expensive) or via electronic balancing circuits (nearly as good, without full electrical isolation, but a
great deal cheaper).

The details of any fault or warning conditions which arise in the device during operation are recorded in a data file created by the Lake

Event LOg Controller software called the Event Log.

Fault A Fault in the device occurs when one of the operating parameters exceeds pre-determined safety levels, or when a condition is
detected that otherwise seriously affects the performance. Some fault conditions may result in one or all of the channels being muted.

Fingerprint Relevant only to PLM Series devices. The Lake Controller comes includes a LoadLibrary consisting of data describing the electrical

characteristics of commonly-used loudspeakers. The file for each speaker type is termed its Fingerprint.

Finite Impulse Response
(filter)

An alternative design of crossover filter realisable in the digital domain, providing linear phase characteristics. FIR filtering is provided in
all Lake devices.

An analog balanced input or output is said to be floating when full electrical isolation exists between that input or output and the
equipment connected to it. Transformer-coupled inputs and outputs are inherently floating. Electronically balanced inputs and outputs

Floatlng can never be truly floating, though better designs — such as that found in the LM 26 - do mimic the characteristics of transformer-coupled
designs to a high degree.
Frame Lake terminology for a physical unit containing a Lake processing system, i.e. a single LM 26, PLM or legacy Lake Processor.
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Term Description

Frame ID

An electronic identification ‘label’ which can be given to each Frame in an amplification system. Naming Frames in a large system is
desirable as it simplifies identification in the Lake Controller.

Frame Preset

Frame Presets are a class of Presets within the Lake processing system. Up to 100 can be stored in the hardware device, and each holds
the complete configuration of all Modules and the Modules’ internal settings.

Hub

A type of network interface device with multiple Ethernet ports. Data arriving at any port is sent to all others. Hubs have been largely
replaced by Switches.

In-Rush Current

Relevant only to PLM Series devices. When power is applied to a piece of electronic equipment, the initial current taken by the PSU can
be very high as the various capacitors in the circuitry charge up; this is called the in-rush current. In the case of power amplifiers, which
contain numerous very large capacitors, the in-rush current can be enough to blow mains breakers. The PLM’s PSU contains circuitry to
control the in-rush current to prevent this.

The amplitude of an audio signal at the point where it is applied to the input of the device, or at the input of an intermediate stage within

Input Level it. An analog input signal level will be expressed in dBu's, while a digital input signal level in dBfS (dBs below digital clip level; fS =
full-scale)
Every item of equipment connected to an Ethernet network has a unique address called the IP address, so that data gets to the correct
|P Address place. IP addresses are written as four groups of three decimal numbers between 0 and 255. In a system consisting of Lake Processors

and a Lake Controller they are assigned and detected automatically.

P Subnet Mask

IP subnet masks are required in all IP networks. The subnet is determined by the size and type of network being used. For small
networks (less than 254 addresses) a subnet mask of 255.255.255.0 can be used. (A Class C network).

Iso-Float

Iso-Float is Lake's proprietary method of electronic balancing, which provides a particularly high level of isolation and immunity from
ground loops.

ISVPL

Relevant only to PLM Series devices. ISVPL is an abbreviation for Inter-Sample Voltage Peak Limiter, a proprietary Lab.gruppen
technique for ensuring that voltage at the output terminals of a PLM does not exceed a pre-determined level.

Lake Controller

The Lake Controller is the software application used to control LM 26 Processors, PLM Series and other Lake devices. This software
application provides additional functionality and allows various grouping functions for simultaneous control of multiple Lake Processing-
enabled devices.

Latency

The small but finite delay incurred by audio signals when they are transformed into the digital domain, processed digitally and then
converted back into analog signals. In the Lake system, latency is assured to be constant.

Legacy Lake Device

This term refers to older Lake audio equipment which may form part of an audio system (i.e. Lake Contour Pro 26, Lake Mesa Quad EQ
and the Dolby Lake Processor). The Lake Controller has the capability to control all Lake legacy products.

LimiterMax

LimiterMax is the name given to Lake's proprietary package of dynamics control which forms part of the Lake Processing system.

Line Driver

An analog audio amplifier, usually with zero gain, having very low output impedance and high drive capability. They are used for
transmitting balanced analog audio over very long cables.

Linear Phase Crossover

See FIR Filters

Load Library

Relevant only to PLM Series devices. The Lake Controller includes LoadLibrary, a set of Module files specific to the PLM Series. These
Modules include a database of the electrical characteristics of various popular loudspeakers in addition to the standard Module data. The
PLM uses the load data when verifying and monitoring amplifier loads. See Fingerprint, LoadSmart and SpeakerSafe.

Load, equal/unequal

Relevant only to PLM Series devices. The PLM draws different current levels from the AC supply, and thus has different power ratings
according to whether all channels of the amplifier are driving into the same load impedance, or if there are different impedances on
different channels.

Relevant only to PLM Series devices. LoadSmart is a load verification procedure within the PLM which allows the operator to confirm

LoadSmart that each PLM output has the correct quantity and type of speaker connected to it. It is intended to be used pre-performance prior to
running SpeakerSafe.

Loob-Thru Relevant only to PLM Series devices. This term refers to the Link connectors provided on the PLM for daisy-chaining further amplifiers

p or other equipment. The use of these to connect further devices is termed a loop-thru.

MAC Address In addition to an IP address, every device on an Ethernet network has a MAC address. This address is fixed at the time of manufacture,
and is effectively the permanent identifier of the physical unit. MAC stands for Media Access Control

MaxPeak Lake's LimiterMax provides independent dynamics control over signal peaks (MaxPeak) and the average signal level (MaxRMS).

MaxRMS See MaxPeak.
Module is the term used in the Lake Controller to describe the virtual set of signal processing that routes an audio input to the various

Module frequency-weighted outputs of a crossover. The processing system within the device allows for two Modules, each of which may be

assigned a range of crossover configurations, input sources, etc.

Module Preset

A class of Preset within the Lake processing system. A Module Preset (Module file) contains all the configuration data and settings for
one Module, and is saved in the Lake Controller software, not in the hardware device.

A device on an Ethernet network which is not communicating with the rest of the network either due to a fault or intentionally is said to

Offline be offline.
Online A device on an Ethernet network which is fully operational and communicating with the rest of the network is said to be online.
PAL Relevant only to PLM Series devices. Short for Power Average Limiter, PAL is proprietary Lab.gruppen circuit which provides additional
amplifier protection. The PAL ensures that the power drawn by the PSU from the AC mains does not exceed the mains breaker ratings.
Parallel Two or more e.g. inputs which are wired together so that all inputs are connected to the same source are said to be paralleled. Signal
aralle levels will be reduced if too many inputs are paralleled; in the case of AES3, this may result in a complete loss of audio.
Parameter Any control function which can be adjusted by the user to one of several different values is termed a parameter. For example, input level,

gain, delay, and limiter threshold are all parameters.
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Term Description

Pass-Through Cable

See Straight network cable.

Ping is a term coined by the IT industry to the procedure of sending a command over a network to a particular Ethernet device asking it
to confirm its identity and possibly reply with additional information. Thus an Lake device on the network can be pinged from the Lake

Ping Controller; on receipt of the ‘ping’, the hi-intensity white LED on the front panel illuminates. Reverse pinging is also possible, whereby
the ping is instigated from Lake hardware device and a visual identification of the processor registers in the Lake Controller software.
Preset A complete frame configuration that is stored in the device hardware.

Primary Ethernet Port

The Primary Ethernet port on the is the means of connecting the device to a network. See also Secondary Ethernet Port.

PSU

Abbreviation of Power Supply Unit. The PSU in any item of electronic equipment converts the AC mains into a set of internal DC voltages
which run the electronic assemblies themselves.

RJ45

RJ45 connections are the industry-standard connectors for Ethernet ports.

Router

As far as networks of the type discussed in this manual are concerned, see Switch.

Secondary Ethernet Port

The Secondary Ethernet port can be used either as a daisy-chain output, repeating the network connection at the Primary port, or for the
connection of a separate second network for full redundancy.

Short Circuit Protection

Relevant only to PLM Series devices. A Lab.gruppen proprietary protective circuit designed to mute a channel when a short circuit is
detected at its output terminals to prevent damage to the device.

Soft Function Buttons

The eight buttons around the front panel display are called soft function buttons because their function varies depending upon which
display page is currently on-screen.

Relevant only to PLM Series devices. Once activated, SpeakerSafe constantly monitors the voltage and current at the PLM's outputs.

SpeakerSafe Using Fingerprint data, the software then calculates parameters such as voice coil and magnet temperatures, providing the operator with
real-time performance monitoring. See LoadLibrary.
S kon Relevant only to PLM Series devices. An industrial-quality loudspeaker connector manufactured by Neutrik. 4-pole (2 speakers) and
peaxko 8-pole (4 speakers) versions are fitted to various versions of the PLM.
Star T | A network topology which uses a network switch to connect to individual Lake devices. Each device connects to one port on the switch
ar fopology with its own cable, thus the network looks like a star when drawn as a diagram with the switch at the centre.

Straight Network Cable

A Cat-5/6 network cable with full pin-to-pin connections is called a straight network cable. Lake devices can connect to a network using
either straight or crossed network cables.

Subsystem

It is possible when working with large networked systems to store selected components of the system into a Subsystem. This is useful
if working on a tour that encompasses both large and mid-sized venues. The same core Lake Controller data can then be used for a
reduced number of Lake devices.

Super Module

A Super Module is a virtual construct that can be realized within the Lake Controller, allowing a set of Modules in different Frames to be
treated as a single Module.

Switch (Ethernet)

An Ethernet switch allows several Ethernet devices to be connected to a network using a star topology. More intelligent than the earlier
hubs which they now largely replace, they route packets of data only to the units for which they are intended, and also perform other
system housekeeping and control functions.

System Preset

A class of Preset within the Lake Processing system, System Presets allow Module or Frame configurations and settings to be stored for
the entire network of LM 26 Processors, PLM Series and other legacy Lake devices.

Tablet PC A compact PC which uses a touchscreen instead of keyboard and mouse. The Lake Controller has been optimized for use on Tablet PCs.

T inati AES3 digital audio interconnections must be correctly terminated for reliable operation. The 110 ohm terminations must be set ‘on’ at the
ermination beginning and end of a set of daisy-chained digital audio equipment, and ‘off’ at any intermediate ones.

T | A mathematical word for “arrangement” or “configuration”. The topology of a network is a means of visualizing the overall configuration
opology of the network.

VHF Protection

VHF protection is another amplifier safety circuit developed by Lab.gruppen. The presence of continuous HF audio can easily damage
loudspeakers, so the protection circuit monitors the output this, muting the power output channel if necessary

View The information available in the front panel display’s Meter mode is split into three pages which are termed Views.

V peak Relevant only to PLM Series devices. Indicates the peak voltage of an audio signal. For a sinusoidal signal, the peak voltage = 1.414 x the
p RMS voltage, Vrms. Not to be confused with peak-to-peak voltage (written V pk-pk), which =V peak x 2.

\Vrms The RMS voltage of a signal. See RMS.

Wireless Access Point

A device used to connect a computer to an Ethernet network without cables; a radio transmitter/receiver for data.

Wireless Network

An Ethernet network where some or all cabled connections are replaced by wireless links.

Table 8-2: Glossary of Terms, Acronyms and Abbreviations
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9. Application Guide

This chapter describes the practical application and use of the LM 26.

9.1 Gain Structure

The LM 26 architecture provides gain adjustments at various points in the signal path and therefore, various
places for muting and level adjustment. Each mute or gain adjustment point serves a different purpose.
The signal flow diagram in chapter 5 provides a useful reference for the signal path. The following sections
describe the various adjustment points, all of which are available via the Lake Controller software.

911 Input Headroom (Analog Inputs Only)
This parameter should be set relevant to the output level of the analog audio source (e.g. mixing console).
This setting does not affect the other gain stages, or the overall noise floor; it allows control of the appropri-

ate headroom at the input stage only.

To adjust, navigate to /O CONFIG > INPUT CONFIGURATION in the Lake Controller. Please refer to the
Lake Controller Operation Manual for further details.

9.1.2 Input Mixer

Input Mixer gains can remain at 0.00 dB for most configurations; if only one input channel is used per
Module, the other can be set to -INF.

To adjust, navigate to I/O CONFIG and tap the Input Mixer blocks for the Module in the Lake Controller.
Please refer to the Lake Controller Operation Manual for further details.

9.1.3 Module Input Gain

Input Gain is used to adjust the level between different speaker cabinets in the system. This gain can remain
at 0.00 dB unless a lower level is required for the cabinet/s driven by this Module.

To adjust, navigate to MODULES > EQ/LEVELS > LEVELS in the Lake Controller. Please refer to the
Lake Controller Operation Manual for further details.

9.1.4 Module Output Gain (Levels)

Factory and User Gain are provided for each Module output. These two stages provide a level of security
and control for the system designer (Factory) and a further level of adjustment for the user (User), both of
which combine to balance the level between frequency bands in a multi-way crossover.
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1. Factory Gain is set by the system designer and can be hidden within the Module file. The Factory
Gain parameter is only accessible when the Module is unlocked and the Lake Controller is in
Designer Mode. Adjust via MODULES > LEVELS > METER OPTIONS > ADJUST FACTORY.

2. User Gain is editable by a user unless the system designer has locked away the parameter; adjust
via MODULES > LEVELS.

Generally, output gain values are configured within a Module / loudspeaker preset file and should not need
to be adjusted further.

9.2 Gain / Level Optimization

9.21 Maximize Volume Capability

To maximize the volume capability of the device, ensure there is sufficient headroom in the signal path to
avoid clipping before the limiters engage. It must be possible to achieve enough gain through the device to
engage the limiters and realize a high average SPL. As an optimal setting, allow for a headroom of 10 dB or
more for all channels; the simplest way to accomplish this is to increase the Module input gain.

9.2.2 Minimize Noise

To help provide the best volume to noise ratio, use an AES or Dante digital input signal wherever possible. If
using analog inputs, ensure that unused or unnecessarily high headroom is not introduced at the input to the
device. If full or high average power is not required, the Module input gain may be reduced.

9.3 Digital Audio Connections

Whenever possible, it is preferable to connect a digital rather that analog input signal to the device. This is
particularly relevant if the source signal is already in the digital domain, such as the source from a digital
mixing console or digital distribution system. The primary cause of signal distortion and signal delay (latency)
is the digital-to-analog and analog-to-digital conversion process. Therefore, using digital inputs normally
provides higher quality audio with lower latency.

Two types of digital audio inputs are available: Dante networked multi-channel digital audio, and two-channel
digital audio via the AES3. Dante-based system configurations and interconnections are explained in a
separate document, the Lake Network Configuration Guide.

The information in this section is supplied for users unfamiliar with AES3. Users already familiar with AES3
will find that the device conforms to established conventions.
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9.31 AES3 Digital Audio

The original AES/EBU digital audio interface standard was developed by the Audio Engineering Society in
conjunction with the European Broadcast Union. Originally published in 1985, it was revised in 1992 and
2003, and in its current iteration it is properly designated the AES3 standard.

AES3 is a serial transmission format for linearly represented (uncompressed) digital audio data. It describes
a method for carrying two channels of periodically sampled and uniformly quantized audio signals on a single
twisted-pair cable.

The data format allows for auxiliary data which can be used for information on signal characteristics as well
as the sampled audio data. The physical interconnection, as defined by IEC 60958 Type |, specifies three-
conductor 110-ohm twisted pair cabling terminated by an XLR connector. Please refer to section 7.1.1 for
wiring details.

AES3 provides for multiple sampling rates and resolutions of up to 24 bits; this device accepts sample rates
from 44.1 to 192 kHz.

9.3.2 System Latency and Delay Compensation

All types of digital audio processing inherently involves a small processing delay referred to as latency. If the
processing chain does not involve analog-to-digital or digital-to-analog conversion, the amount of latency is
usually very small and often may be disregarded.

However, in complex systems involving multiple digital audio components and connections, enough delay
may be generated to cause audio phasing problems. Therefore, the lowest latency is always preferred, and
it is always important to consider system latency delays when calculating and adjusting overall delay for
time-aligning multiple loudspeaker systems.

9.3.3 External Signal Distribution Hardware

9.3.3.1 Distribution Amplifiers

Dedicated distribution amplifiers for AES3 signals are available from several manufacturers. The most com-
mon format is one input and six outputs. Digital distribution amplifiers are designed to refresh or reconstruct
the signal as well making up for line losses.

One type of distribution amplifier is a simple repeater, which restores the waveform shape and brings the
signal amplitude back up the required level. Some distribution amplifiers also offer a re-clocking feature,
which also re-times the signal to prevent signal degradation from clocking errors known as jitter.

Distribution amplifiers that offer re-clocking often make the feature optional as using re-clocking can intro-
duce small additional amounts of latency, so should not be used unless necessary.
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9.3.3.2 Passive splitters
In some limited applications, a single AES3 input may be split into two signals using a simple passive

splitter. Splitters provide a convenient and low cost solution when only one additional signal is required, and
in situations where cable lengths are short. Attenuation is minimal, but there is no refreshing of the signal.

9.3.4 Additional Reference Material

Complete technical information on the AES/EBU (AES3) standard can be downloaded from the AES web
site at http://www.aes.org/publications/standards/.

9.4 Digital Clock Configuration

9.41 Digital Clock Overview

In order to provide a flexible and robust audio processing system, the LM 26 is equipped with a configurable
digital clocking system. There are two separate digital clocks which can generate various independent
internal sample rates, or can sync to an incoming AES3 signal. Figure 9-1 shows the various sample rates
and options available.
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Figure 9-1: Digital Clocking System
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In Figure 9-1, each circled C represents a choice point. A choice point is a user-interface control that can
be configured using the Lake Controller software. Please refer to the Lake Controller Operation Manual for
further information.

Figure 9-1 indicates internally generated clocks with
base-rate multiples of 44.1 kHz or 48 kHz. This
should not be confused with the internal DSP
sample rate of 96 kHz.

E&\\g

Both the Primary and Sample Rate Converter (SRC) clocks can either generate their own internal clock
signal, or synchronize to an incoming AES3 signal. An incoming AES3 signal can be locked using automatic
clock detection or manual clock selection.

The Primary and SRC clocks produce multiple audio clocks derived from a base sample rate. The Primary

Clock's base rate is 48 kHz, which also derives the 96 and 192 kHz clocks. The SRC Clock’s base rate can
be either 44.1 or 48 kHz. If the SRC Clock’s base rate is 44.1 kHz, then 88.2 and 176.4 kHz clocks are also
derived; if the SRC Clock's base rate is 48 kHz, then 96 and 192 kHz clocks are also derived.

In most typical applications, SRC Clock will be set at a base rate of 44.1 kHz. A base rate of 48 kHz is
provided to allow for both synchronous (via Primary Clock) and asynchronous (via SRC Clock) 1/O.

All clocks derived from the Primary and SRC clocks are available to drive the AES3 audio outputs. The
desired sample rate can be selected independently for each AES3 output pair, as shown on the right side of
Figure 9-1.

For example, you could configure AES1, AES2, and AES3 to provide 96 kHz AES3 outputs to drive digital

amplifiers in the sound system, and configure AES4 to provide a 44.1 kHz audio recording output for media
or broadcast purposes.

9.4.2 Clock Source Priorities
There are two options for clock source configuration: Manual Configuration or Automatic Detection.

For Manual Configuration, the selected internal or external clock source remains fixed regardless of whether
a compatible clock signal is preset.

For Automatic Detection, the most appropriate clock matching the selected base-rate is automatically
selected according to the following priorities.

1. AEST (Input 1+2)
2. AES2 (Input 3+4)

3. Internal Clock
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When using automatic detection, the AES3 digital input is monitored and will switch the clock source back
and forth depending on the availability of an AES3 signal.

Please refer to the Lake Controller Operation Manual for additional information.

9.4.3 Dante Clock Configuration

Dante uses its own digital clocking technology across the Ethernet network to ensure that all Dante devices
are synchronized. As part of this logic, an order of priority is defined to identify which device becomes

the Dante Master. A Dante-capable device with a valid BNC Word Clock is chosen as the highest priority,
followed by a device with a valid AES3 signal, then SPDIF, then an internally generated clock.

Dante only operates at 48 kHz or 96 kHz, and therefore only uses the Primary Digital Clock to lock the
sample rate for the Dante Master. The Primary Clock on all Dante Slaves will be overridden by the Dante
Clock.

The front panel I/O Status View indicates if that device is selected as Dante Clock Master. Confirmation of
Dante Master / Slave status is also displayed in the Lake Controller.

For further information on Digital Clock configura-
?,/ tion and the Lake Controller user interface, please
“ refer to the Lake Controller Operation Manual.
NOTE

9.4.4 Signal Processing Latency

The information in Table 9-1 lists the total latency for common input-output configurations.

Table 9-1: Latency for Common Input-Output Configurations
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10. Technical Specifications

2-in/6-out Digital Audio Loudspeaker Processor

2 Contour Modules

Raised Cosine Mesa and |deal graphic input equalizer
Linear phase and classic crossovers and output EQ
LimiterMax peak and RMS limiter

Delay, mute, phase, gain

Audio Performance

Internal sample rate

A/D and D/A conversion resolution

Internal data path

Product propagation delay, best case (96 kHz AES to 96 kHz AES)
Product propagation delay, analog (Analog in to Analog out)
Maximum available delay

Analog

Inputs and Outputs

Dynamic range, inputs

Dynamic range, outputs

Frequency response, analog to digital
Frequency response, digital to analog
THD + Noise, inputs

THD + Noise, outputs

Iso-Float ground isolation

Input sensitivity settings

Maximum output level

Input impedance

Common Mode Rejection (CMR)
Crosstalk

AES3

Inputs and Outputs
Supported resolutions
Supported sample rates
Termination

Dante Audio Network
Inputs and Outputs
Supported sample rates
Supports redundant paths
Flexible topology

Network latency

Front panel user interface
Display

Meters

Mute access

LED Fault and Warning indication
Parameter adjustment

Standby Power button

Back panel interface

Analog inputs and outputs

AES inputs and outputs
Ethernet

GPIO

Power

Control and monitoring interface

Ethernet
Gigabit Ethernet
Fast Ethernet

GPIO

Inputs

Outputs

Software configurable input control
Software configurable output indication

Device presets
Frame presets

Power

Nominal voltage
Operating voltage
Power consumption

Dimensions
Weight
Finish

Approvals

Specifications subject to change without notice

96 kHz

24 bit

32 bit floating point
0.872ms

1.036 ms

2 seconds

2 inputs, 6 outputs

116 dB

115dB

+/-0.1 dB, 20 Hz to 20 kHz

+/-0.03 dB, 20 Hz to 20 kHz

0.00024% at 1 kHz

0.00037% at 1 kHz

Yes, separate setting for input and output
12 or 26 dBu

21 dBu

20 kOhm balanced, 10 kOhm unbalanced
>74 dB, 20 Hz to 20 kHz

-98 dB, 20 Hz to 20 kHz

4 inputs, 8 outputs

Up to 24 bit

441, 48, 88.2, 96, 176.4, 192 kHz
Selectable

4 inputs, 8 outputs
48, 96 kHz

Yes

Yes
0.5,0.8,1.3,4ms

Daylight readable monochrome

LED meters and clip indicators per channel
Mute button and LED indication per channel
Yes

Rotary encoder

On/Standby

2+ 6XLR

DB-25

Dual Neutrik etherCON

DB-9

Locking 3-pin IEC

Via Ethernet for Lake Controller software

1000 Base-T
100 Base-Tx

2 General Purpose Inputs (GPI) supporting external contact closure
2 General Purpose Outputs (GPO) with internal contact closure
Standby state, Mute state, Dual Preset recall

Standby state, Mute state, Faults, Ready

100

100-240V
70-265 V
30 W maximum

W: 483 mm (19”), H: 44 mm (1 U), Overall D: 290 mm (11.5”)
5kg (11 Ibs.)
Black painted steel chassis with aluminum handles

CE, ANSI/UL 60065 (ETL), CSA C22.2 NO. 60065, FCC
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11. Warranty and Support

11.1 General

This product is manufactured by Lake, and it is warranted to be free from any defects caused by compo-
nents or factory workmanship, under normal use and service, for a period of three (3) years from date of
purchase from an authorized Lake dealer.

If the product fails to perform as specified during the warranty period, Lake will undertake to repair, or at its
option, replace this product at no charge to its owner, provided the unit is returned undamaged, shipping
prepaid, to an authorized service facility or to the factory.

This warranty shall be null and void if the product is subjected to: repair work or alteration by a person

other than those authorized by us; mechanical damage including shipping accidents; war, civil insurrection,
misuse, abuse, operation with incorrect AC voltage; incorrect connections or accessories; operation with
faulty associated equipment; or exposure to inclement weather conditions. Damage due to normal wear and
tear is not covered by the warranty. Units on which the serial number has been removed or defaced will not
be eligible for warranty service.

Lake shall not be responsible for any incidental or consequential damages. Lake's responsibility is limited
to the product itself. Lake takes no responsibility for any loss due to cancellation of any events, or rent of
replacement equipment or costs due to a third party’s or customer’s loss of profit, or any other indirect cost

or losses however incurred.

Lake reserves the right to make changes or improvements in design or manufacturing without assuming any
obligation to change or improve products previously manufactured.

This warranty is exclusive, and no other warranty is expressed or implied. This warranty does not affect the
customer’s statutory rights.

11.2 International Warranties

Please contact your supplier or distributor for this information, as rights and disclaimers may vary from
country to country.

11.3 Technical Assistance and Service

11.3.1 International Service

If your Lake product requires repair, contact your Lake dealer or distributor, or contact Lake by fax or email to
obtain the location of the nearest authorized service centre.
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11.3.2 Factory Service

In the event a Lake product requires factory service, you may contact Lake's service department for return
instructions and a Return Authorization number.

Please note for product return:

1. Use the original packing.

2. Include a copy of the sales receipt, your name, return address, phone and fax number, email address
and description of the defect.

3. Mark the Return Authorization number on the outside of the packing.

4.  Ship the product prepaid to:

Lake

Faktorvagen 1

SE-434 37 Kungsbacka
SWEDEN

Phone: +46 300 56 28 00
Fax: +46 300 56 28 99

service@lakeprocessing.com
www.lakeprocessing.com

11.4 Trademarks

Lake is a national andy/or international registered trademark of Lab.gruppen AB. PLM, Powered Loudspeaker
Management and LM 26, are trademarks of Lab.gruppen AB.

Dolby is a registered trademark of Dolby Laboratories. Raised Cosine Equalization, LimiterMax and Iso-Float
are trademarks of Dolby Laboratories. Audinate is a registered trademark of Audinate Pty Ltd. Dante and Zen

are trademarks of Audinate Pty Ltd.

All other trademarks remain the property of their respective owners.

Copyright © 2010 Lab.gruppen AB. All rights reserved.
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