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T DICHIARAZIONE DI CONFORMITA CE

DECLARATION OF CONFORMITY CE

TELECOMUNICAZIONI,

We, TEMA TELECOMUNICAZIONI SRL Via C. Girardengo, 1/4 - 20161 MILANO

declare under our sole responsibility that the product:

Product name IP SIP VolP PoE Network Amplifier
Trade name TEMA TELECOMUNICAZIONI Srl
Type or model AD611, AD612

and accessories --

to which this declaration relates is in conformity with the essential requirements and other
relevant requirements of the R&TTE Directive ( 1999/5/EC, 2006/95/EC, 2004/108/EC ).

The product is in conformity with the followings standards and/or other normative documents:
HEALT & SAFETY EN 60950-1:2006 +A11:2009 +A1:2010 +A12:2011

EMC EN 55022:2010, EN 55024:2010, EN 61000-3-2:2006
EN 61000-3-3 :2008

MILANO, 20 January 2017 TEMA TELECOMUNICAZIONI SRL
D. Pontillo

N
LI
lﬁf

. IMPORTANT INFORMATIONS REGARDING THE RECOVERY AND RECYCLING OF THIS
ELECTRONIC DEVICE

The crossed-out wheeled bin symbol below indicates that this electronic equipment is
intended to be disposed in a separate collection and not in an unsorted municipal
waste, in order to provide for the treatment of WEEE (Waste Electrical and Electronic
Equipment) using best available recovery and recycling techniques. Specific treatment
for WEEE is indispensable in order to avoid the dispersion of pollutants and other
hazardous substances into the waste stream, while recycling leads to reduction of
disposal of waste and the negative impacts on environment and human health. That is,
priority is given to reuse of WEEE in its components, subassemblies and
consumables. As the final holder, the user has an important role in contributing to
reuse, recycling and other forms of recovery of WEEE and is responsible to return this
waste in the collection facilities set up by EC Member States and to fulfill other duties _
in compliance with Directive 2002/96/EC and local laws.

TEMA TELECOMUNICAZIONI is a certified company “ —é_m?— ﬂo HS

COMPLIANT
UNIEN 1SO 9001:2015
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RECOMMENDATIONS

1. It is recommended to read this entire manual before proceeding to the installation of the device.
2. The installation and commissioning of the device can only be performed by specialized technicians.

3. The device is accurately manufactured and tested. In any case, the product is not recommended for use
where an error of operations can cause property damage and/or injury to persons.

4. It is expressly not recommended maintenance inside the device which must be carried out by Tema
Telecomunicazioni, the removal of the closures will invalidate the warranty and makes accessible internal
parts with risk of electric shock.

5. Tema Telecomunicazioni accepts no responsibility for damage to property and/or persons resulting from
incorrect use of the equipment or by procedures that do not comply with the instructions in this manual.
Tema Telecomunicazioni reserves the right to make modification to the technical and functional
specifications at any time and without any notice.

6. Products powered via PoE (Power over Ethernet) may only be connected with cables coming from the
internal network company (inside the building), are not allowed connections LAN cables coming from outside
the building.

7. Use for this device only and exclusively original spare parts and consumables supplied by Tema
Telecomunicazioni. The company is not responsible for damage caused by the use of materials not supplied
by the same.

8. Do not expose the unit to direct sunlight, protect from heat, dust, humidity and chemicals.

9. Tema Telecomunicazioni reserves the right to vary the product characteristics for improvement without prior
notice. Check the WWW.TEMATLC.IT website for any updates to the latest firmware, manuals, and
technical documentation.

10. This document is property of Tema Telecomunicazioni, It is forbidden any duplication and reproduction, even
partial, as well as storage on any medium without written permission of Tema Telecomunicazioni.

This symbol in the descriptions indicates a general warning or a damage danger
' to equipment or people.
L]

This symbol in the descriptions indicates useful information or a suggestion for
the optimization of the device functionality.
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1. PRESENTATION

AD611-AD612 allows to realize Paging Amplification Audio Sound Systems in a standard LAN network by
seamlessly integrating with SIP IP-PBX in order to be able to play announcements from any phone on the internal
network and any technology: analog phones, SIP, Smartphones and Softphones.

Access can be authorized by me with code to be entered before starting the announcement. An internal relay is
activated for the duration of the event to signal to any auxiliary devices connected downstream.

The system programming is done remotely via LAN thanks to the Web server integrated into the device.
The layout of the two models AD611, AD612 is according to the output power of the modules.
AD611 incorporates an efficient 10W (2x5W) amplifier while AD612 has a 40W (2x20W) amplifier, Class-D.

Both AD611 and AD612 do not have analog audio output driven by an isolating transformer (instead of the model
AD610).

2nd SIP Account — Night Ringer. AD611/612 can be registered on the PBX with a second telephone number,
different from the one used for ads and inserted in the night ring group. To the arrival of an incoming call, the
system plays a sound (user selectable) to all the network speakers. The volume can be adjusted independently of
the others managed audio channels.

AD611/612 have an external contact input with multiple features, such as: provides to make a SIP call to a
preprogrammed number and inform with a special vocal event message. The signaling can be repeated a number
of times programmable, the operator can stop the sequence with a keyboard code.

Multicast Audio Streaming for music and announcements diffusion. AD611/612 handles up to 5 multicast
channels in LAN with priority levels to allow the background music broadcasting on loudspeakers network. The
generation of musical programs in streaming audio can be managed from a PC of the LAN/WAN network with
special software or special TEMA Encoder. The background music is muted in the presence of a service
announcement.

“SIP Security Info Call” service — Emergency SIP Call. By connecting a button or an external contact, AD611
and AD612 can call a phone number programmed to alert the event with a specific warning message. It is a
security service for emergencies or simple request for help and information, and allows a one-way phone call.

Total remote management via LAN, integrated Web Server. Programming, configuration, loading and listening to
audio files, firmware release update, audio volume adjustment, backup and restore the configuration, reboot the
device.

e Ads from Telephone Net

¢ Night Call Repeater

e Multicast Audio Streaming
e 2x5W and 2x20W models
e SIP Security Info Call

e Pre-recorded messages

¢ Internal SD memory card

Converts each passive
speaker in a IP-SIP
Amplified one with

A AT SATEEAXDL
BBl I OONDNICATRoN HobULE |

Power from 10W to 40W! E———————— ¢ Relay activated via LAN
. . App for el ® PoE Power Supply
UHIQUEfor Audio Power, i0S & Android ——— e P2P Peer to Peer feature
_— .
Performance and size! Smartphones e SIP standard compatible

Tested with most popular PBX brands:
SIEMENS - AVAYA - ALCATEL — PANASONIC — SAMSUNG - NEC - 3CX

LG - WILDIX - AASTRA - ASCOM - NITSUKO - SELTA — PHILIPS
ASTERISK BASED SYSTEMS
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VolP SIP Amplifiers-Speakers Products and Accessories of the AD600 “SipComStage” series

ADG630 IPSIP PoE 25W Horn Speaker AA-39DL
’) with 40W internal amplifier (2x20W) 1P65 Plug Power Supply 220Vac/12Vdc-1,0A.
‘ protection.
2 AA-39D1A
ADG635 IP-SIP PoE 12W speaker for wall 3 5 DIN Power Supply 220Vac/15Vdc-1,0A.

mounting with the possibility of integrating a PoE
injector adapter.

AA-39P4
AD633 IP-SIP speaker 12W PoE PoE injector 230Vac/48Vdc 0,5A.

open-to-ceiling version.

el AA-39E3 /-E6V
it ; DIN Power Supplies 220Vac/24Vdc-1,5A
ADG633C SIP IP-12W PoE Speaker ceiling E L OVac24Vde-2 5A.

version with |P54 flameproof cover. -

@ AD301R  30W  analog  amplfier,

2 channels, Volume-High-Low +/-12dB
controls

ADG610 2x2w PoE IP-SIP Amplifier Module,
External Amplifier Adapter with Sound Isolation
Transformer. Directly pilot external power ue
amplifiers or 8 Ohm external passive speakers.

ac 8083

s AD320/30  PA 100V audio line

transformer 30W, constant voltage, high
efficiency toroidal type with low magnetic
flux leakage.

ADG611 IP-SIP PoE 10W Amplifier Module

(2X5W). Directly pilot 8 Ohm external passive
speakers.

AD32 Isolation transformer, balanced,
mixer, attenuator, audio signal filter, low
impedance output. Ideal for decoupling
devices of audio sources to other
amplifiers to eliminate noises.

ADG612 IPSIP PoE 40W (2x20W) Amplifier .
Module when powered with an external power !
supply. Directly pilot 8 Ohm external passive
speakers.

AD615/S Audio Encoder Module from o AA-36

analog to digital on LAN Network in
Multicast/Broadcast Channels.

Protected Power Relay
Actuator 250Vac/16A/4KVA, command in
AC/DC 12V/24V, 1 contact, Led, contacts
protected by electric arcs. Ideal for

AD333/12XTP Passive 8 Ohm 12W : driving loads up to 4.000W.

speaker with anti-flame cover (AD333/12TP

without cover), internal transformer for 100V )Y . .
audio line. Ideal for connecting to AD610-611-612 l“‘=” AA-699xxX  Flash lights with Xeon

or as 2nd speaker to the AD63x series IP-SIP lamp or high brightness LEDs. Ideal to be
speakers.

speakers of the AD630 series or by the
AD335/06TP Passive 8 Ohm 6W speaker * IP-SIP amplifier AD610, AD611, ADB12

controlled by the relay of the IP-SIP

with 100V audio line transformer. Ideal for modules, with a call in progress add a
connecting to AD610-611-612 or as 2nd speaker light signal to the acoustic signal.
to the AD63x series IP-SIP speakers.

AD330/25T Passive horn speaker 25W 8

ohm with transformer for 100V audio line. Ideal
for connecting to the AD610-611-612 modules or
as 2nd speaker for AD63x IP-SIP speakers
series.

(L0 AD330/xx Are available Speakers of
different power, Horns and Loudspeakers for

|
' l flush and ceiling mount.
e
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2.

FEATURES

Power Audio output 10W (5Wx2) AD611 and 40W (2x20W) AD612

5 RX Multicast Channels for Music/Ads/Messages diffusion with priority levels

Possibility of diffusing a pre-recorded announcement, associated with the available input, or up to six ads
placing a call and send the respective code via telephone

Acquisition of a system's external contact and warning service with dedicated announcements

SIP Security Info Call warning/emergency telephone call, sending of pre-recorded messages on
loudspeakers

Independent adjustment of audio volumes

SD memory card with audio files from 16sec. customizable by the user (opt. up to 960min. - 16h audio)
Great versatility with ease of use and programming

1 remote controlled relay via LAN

Compatibility with all IP-PBX of the most prestigious brands

Possibility to register a second SIP account for the "Night Ringer" feature

P2P (Peer to Peer) operation without IP-PBX

VolP connection with SIP protocol both in SIP Proxy Server and Peer-to-Peer mode

Power supply via PoE (Power over Ethernet) or external power supply, at the same time

Programming via the Web Interface with password protection

Possibility of software / firmware update via LAN

Integration with the local LAN, 100BaseT Ethernet LAN port with RJ45 connector

Integrated 802.af PoE, a single UTP cable for connection

Extremely compact dimensions 74 x 58 x 25 mm (AD611), 74 x 58 x 35mm (AD612)

Wall mounting, table/shelf and DIN rail

Possibility of receiving and sending MULTICAST RTP audio streaming, for paging audio announcements, up
to 16 priority levels (in reception) and with different volumes for each channel

Audio streaming with high quality codecs

Possibility of diffusing pre-recorded announcements at pre-established times (up to 5 for each day of the
week)

Possibility of diffusing a pre-recorded daily announcement, at a set time or manually controlled, with
programmable interval and repetitions

AD611 views and dimensions

T e il
| i A . 57,6 |
5 AC

o

=7

rE ,|:::

'“'ll‘ﬂlllln“

bosoeessa 15660

74
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3.

PACKING LIST

The systems are supplied with the parts included in the following list:

« One AD611 or AD612 device

« System documentation manual

+ A CD-ROM with complete documentation

« UTP Patch Cord LAN cable 1.5 meters

- DIN rail kit (plastic adapter, 2 screws and 2 washers for fixing the unit, DIN bracket, 2 dowels and screws)

4 self-adhesive foots for table or shelf resting

TECHNICAL SPECIFICATIONS

LAN TCP/IP Network 10/100BaseTx

Protocols SIP 2.0, RFC 3261

Power Supply PoE, PoE Injector and/or external Ac/Dc power supply
PoE 802.3af class 0 12,95W

External Power Supply (Opt.) 230Vac/12-24\Vdc-1A

Connection SIP Server (IP-PBX) or P2P (Peer To Peer)
Messagges/Sounds prerecorded in the internal SD memory card

Audio File Format Windows .wav — 8K — 16 bit

Duration 16sec each. Standard (Option up to 960 min.16H audio)
Technology IMX25 400MHz microprocessor

Memory 256MB Ram, Micro-SD Flash 2GB

Relay contacts capacity

max 30Vdc — 1,5A

Internal audio amplifier

AD611 max 10W (5+5W) Class-D
AD612 max 40W (20+20W) Class-D

Impedance

8 Ohm

Bandwidth

80Hz — 20KHz

Audio communication

Monodirectional

RTP Multicast audio Streaming

G711y, G711a, G722, L16 from 16 to 44 kHz

Inputs from buttons or external commands

1

Acoustic signalings

Call tone, Ding-dong

APP for Smartphones iOS, Android
Programming practical Web interface and password
Installation wall, table, standard DIN rail

Storage temperature

from -20° to +65°C

Operating temperature

from -20° to +55°C

Relative humidity

95% non-condensing

Dimensions AD611 74 x 58 x 25 mm, AD612 74 x 58 x 35 mm
Weight AD611 170gr, AD612 200gr

Warranty 2 years, possibility of extension (Option)
Compatibility CE, ROHS

MAS-AD611-AD612-REV03EN
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5. OPERATION

In stand-by, the system waits for incoming calls.

The operator who want to make an announcement on the device will make a call, from any extension of the PBX, to
the number to which the device is registered or to its IP address in the case of Peer-to-Peer connection.

The system can activate a relay contact for signaling to external devices.

The device also allows the sound diffusion in a "streaming" Multicast. In this case the network RTP audio will be
diffused to the speakers connected to the system. Unlike the ad mode of direct dialing, in multicast mode, multiple
devices can diffuse the same message at the same time, useful for general pre-recorded announcements or for
background music.

The changing state of an input interrupt is always monitored to which it is possible to assign a number to call and a
message to be played to the called party answers.

It is possible to make the common level adjustment issued of the loudspeakers to better adapt to the acoustic
characteristics of the served area.

5.1. Device connection diagrams

AD611-AD612 typical application with IP-PBX

PO —E . Passive
>>> \ 49 Loudspeakers

and internal X
8-16 Ohm

network phones
Output 1 « Total power
Smartphone Access —_—
Point

4~ 40W
Output 2 (2x20W)
IP PBX I e——
PoE Switch

“«
@™

—— Relay activated remotely

UTP cat 5/6 cable

i e ~e——— Input from external contact

PC with Encoder
Multicast Software

Multicast Audio Streaming for sound diffusion

Each AD611 with its own speaker is accessible from IP-PBX registered SIP phones and Zone 1 Zone 2 Zone3
smartphones that can launch an advertisement. With the help of an encoder TEMA AD615 it «._’ “
is possible to stream music on multicast channels managed by AD611, the music is taken in f %" “

analogue audio from the PC (or any audio player) and sent to the Encoder that will
redistribute on the LAN. The announcement from a SIP call to a specific AD610 device will
stop the music that will be automatically restored at the end.

IP PBX ))) \\__/, o

Access Point

Smartphone with
TEMA APP

=

IP SIP Phone Network PC used as a TEMA AD615/S
multicast control Mini Encoder
station with VLC
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AD611-AD612 Peer to Peer application without PBX

In the absence of an IP-PBX the AD611-AD612 modules can also operate in a Peer to
Peer (Point-to-Point) in a LAN network by simply inserting a generic switch and one or
more SIP phones. The power supply to AD611-AD612 systems can be provided from
the switch (if PoE), by an external power supply or a PoE injector inserted in the LAN
cable. An internal relay signals to the amplifier the presence of an ad and remains
closed for the duration of the same. Upon detection of a fault in the amplifier AD610
a scheduled phone calls and communicates an alarm voice message. The message can
be customized by the user.

220Vac

PoE Injector

UTP cat 5/6 cable

IP SIP phones
for the ad service

Generic Switch

External power supply
230Vca/12-18Vca-Vee
(Optional)

Passive

| B
4% Loudspeakers

<0 8-16 Ohm

Output 1 - Total power
S g2 40W
Output 2 (2x20W)
<*

—— Relay activated remotely
—— Input from external contact

Sound and warning messages/deterrence activation in Video Surveillance plants

PoE Switch
IP PBX UTP cat 5/6 cable
On the occurrence of an alarm event, or found a malicious activity 1

through the video surveillance system, AD611 can automatically send a
sound or prerecorded message on the speaker and call a local phone
number to alert the event with another specific message notice. The
operator can connect to AD611 module and activate a relay to drive
other external devices (sirens, lights, ...) and to communicate in a
unidirectional manner through the speaker.

Local loudspeaker 5-20W

)

> St

o )
Barrier sensor or

alarm contact
Video Surveillance ‘ .
IP Cameras 2 L

Internal Amplifier
Output 5-20W-40hm

o o

Internal relay

—

SIP Security Info Call

Switch - Router

LAN/WAN
IP Network

By connecting a button or an
external contact, AD160 it can call
a phone number programmed to
alert the event with a warning
specific message.

Remote
network phones

The remote  operator can
acknowledge the event and break
the repetition with a code, also can
remotely activate a relay. By

AD611
Internal Internal Amplifier
network phones AD61 2 Output
UTP cat 5/6 cable .
. with PoE
Mwitch - Router o o

connecting a speaker to AD610 it is
possible to play a message or a pre-
recorded sound file before sending
the call.

Internal relay

e Bathroom and Security alarm for Hotels

¢ Banks and Financial Institutions

e Security in Courts, Prisons, Educational institutions
e Safety of people and things

e Machinery Supervision

External button

operated via LAN a @

This function is ideal in all those
cases of emergency, call for help
or information, alarm systems,
video surveillance, machine
controls etc.. in any geographical
point of the network. The service
can be used in a "fair" way by
banks and security services with an
hidden button.

MAS-AD611-AD612-REV03EN
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6. OPERATING MODES

6.1. Calls to devices

Call from the PBX phones to the systems allows to make announcements to the network speaker. However, it is a
normal telephone call, but one-way, so you will not hear the sound present in the vicinity of the device which is not
equipped with a microphone. Calling the extension number connected to the systems, they will answer after a set
time. It is also possible to have an appropriate code to protect the function from unauthorized access. Hang up to
end the announcement. Any background music will be automatically restored.

6.2. RELAY function

The relay typically is used to signal to the PA amplifier connected downstream of systems to activate for each
message output. If not used for the function described above, the relay is available and controlled with an
appropriate code from the caller's telephone.

6.3. Calls generated for acquisition of external contacts for special signalings

Are calls that the system generates on his line to alert after triggering the alarm by the equipment input contact
connected (typically the PA amplifier or a button available to users in the proximity of the device). At the answer it is
played to the called a pre-recorded message. It is possible to assign a phone number or an IP address that will be
called when the input is activated. It is possible to determine the activation status of the same. It is the closure of
the external contact that triggers the sequence of signaling but it is also possible to reverse this logic, in this way
the signaling can take place after the opening of the contact (normally closed) connected to the input.

AD611/612 continuously monitors the status of the contact in the event of the condition of the activation stored on
non-volatile memory card and begin to call the person who will manage the situation found at the telephone
number programmed reproducing the message associated with the event. It is also possible to choose to play on a
local speaker and on any connected audio output a pre-recorded message, which will be played prior to the call to
alert the present persons in the area served by the system detected event. It is possible to define an
acquisition/silencing code of alarm signaling that the called must type to inform AD600 of the alarm
acknowledgment. If the called number is busy or does not reply, or in any other case where AD611/612 not receive
the capture/acknowledgment code, at the end of each call attempt will return in standby and prepare for a new
alarm notification

When the systems receive the correct acquisition/acknowledgment code related to the alarm in progress, the alter
signaling will stop and will not be carried out further alarm notification calls. In order to be ready again, it is
necessary that the condition which had triggered the previous notification returns in standby. Only at the
occurrence of a new activation of the contact condition the calls cycle with the alert notification will start again. In
practice: if a connected contact is closed and it is detected its activation, AD611/612 start to make warning calls.

In the event that the person called by the system answers and successfully enter the acknowledge code, the alert
calls will be terminated. If the contact that had triggered the alert, however, remained closed (this obviously
depends by the external device that controls the contact) will NOT be triggered another warning cycle! To have new
alerts for this contact, it is necessary that come back in standby before (reopening) and then to its new next
possible closure will be detected from AD611/612 systems with new telephone alerts.
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6.4. Multicast Audio Streaming

In a LAN network, the Multicast term indicates the possibility to distribute an information like data, audio or video, to
a group of IP terminals of the Ethernet network. For Multicast are used class D IP addresses and they range from
224 x.x.x to 239.x.x.x. In our case the AD611/612 systems are able to receive audio in Multicast into the specific IP
channel and play it on his speaker and on his audio output for external PA amplifier. The audio can be generated
from a PC software application (for example VLC) or by a IP SIP phone. The received audio stream is played
without the intervention of any operator, this function is useful for playing back voice messages and information or
emergency announcements (also called "Paging” mode). Obviously the Multicast audio streaming is unidirectional,
the audio stream is sent from source to destination, but not vice-versa. The audio stream can be sent
simultaneously to multiple terminals (same IP Multicast), or only to distinct terminals (each provided with its own IP
address). It is possible to program up to 5 receiving addresses of multicast streaming, each with its own priority, so
that the same terminal if it is already playing audio (music for example) may be interrupted by a higher priority
stream (for example, an advertisement). Audio must be in G.711 format (aLaw or pyLaw). It is possible to program
up to 16 audio receive addresses, each with its own priority and its playback volume, so that the same terminal, if it
is already playing audio (eg music) can be interrupted by a higher priority stream (for example an announcement)
and with a different volume (typically an announcement must be played at a higher volume than background
music). The audio supported by this mode is in the G.711 format (aLaw or pLaw), G722 or linear high quality 16 bit
(proprietary format, diffused through the AD615 device or another AA-540).

Example 1
In a plant, there are two systems, connected to the same network switch. From a suitable phone, it is possible to
make a voice announcement via multicast address 239.255.12.42:

4

&
g

AD611 n. 1 Multicast address
239.255.12.42

sy 0 — £
@;-/— /

Phone Extension LAN Switch
designed for
Multicast

4

: AD611 n. 2 Multicast address
£~ 239.255.12.42

Both systems will play the announcement audio message. Many more devices than those given in the example can
be connected, since there are no limits.

Example 2
In the plant there are two systems with different Multicast addresses.

4

— /DR El i AD611 n. 1 Multicast address
& 4; k- 239.255.12.42

Phone Extension LAN Switch
designed for
Multicast

4

AD611 n. 2 Multicast address
239.255.12.41

The phone, selecting to send the multicast voice to one or other address of the terminal, will decide which device
must play the streaming message.

7. COMMANDS AND CODES

During the announcement will be possible to send the commands described here (which will be these by default):

DTMF Command Function Description

#1 Activate the relay contact 1 Used to manually activate the relay if not programmed
to be automatically activated per announcement..

AD611/612 alert the operator with some tones 30
Extension of announcement |seconds before the expiration of the time for the
time announcement. Having to extend the announcement
over the set time it is possible to recharge original time
to continue the conversation (with this code).

#5
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8. INSTALLATION OF THE DEVICE
Position, connect and operate the systems AD611 and AD612 is very simple.

8.1. Mounting and System positioning

AD611 - AD612

S | +Vout —» +12..+24Vdc
SipComStage ||| GND — Max200mA
Olff A +— +12v/2avdcMax
Ollc  «— 12/18vacMax
LAN RJ45 Plug
Internal PoE —
Power Supply

1st internal audio —_—
amplifier 10-20W o

K1 Relay :

-—
2nd internal audio

amplifier 10-20W —_—

8 Ohm 10-20W
5 Loudspeakers

| |
5000000 GOIINL L
[e2]

Alarm Input 1

Simply place AD611-612 on a table or shelf after applying the rubber anti-slip adhesive feet. Alternatively, if
desired, it is possible to screw to the bottom of the system the practical accessory adapter for DIN rail using only
the 2.5MA cross-head screws and washers supplied. Otherwise fix to the wall using the side fins with fastening
eyelets and screw anchors with screws provided. Warning: the side flaps can be opened only once to avoid their
weakening.

8.2. Connection

The connection must be carried out by qualified technical personnel, operate without power, strictly follow the
specifications of voltage and current levels indicated in the figure.

4-pin removable terminal block

+Vout Terminal block from which it is possible to withdraw unregulated power supply, POSITIVE
GND Terminal block from which it is possible to withdraw unregulated power supply, NEGATIVE

this output the voltage will be the same as at the terminals A-C. The use of "+Vout" is permitted as
long as it is not exceeded a maximum 200mA current consumption and the load has a protection on

At the "+Vout" output there is a + 12Vdc voltage when the device is powered via PoE, otherwise, at
A the input current. Improper use of this output will permanently damage the unit.

A Terminal block to power the system, irrelevant polarity
(03 Terminal block to power the system, irrelevant polarity

RJ45 LAN port

AD611/612 requires a LAN cable to connect to the network. If the port cable has also PoE, it will not be necessary
to supply the module with other power sources (up to max 10W powers). For higher powers will be necessary to
supply the module with other power source of 24 Vdc 2A or max 18Vac 2.5A.

inside the building, they are not allowed connections to LAN cables coming from outside the

Devices powered via PoE (Power over Ethernet) may only be connected with cables coming from
A building.
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9-pin removable terminal block

9 SP1+ Class-D amplifier 1st output terminal block for connection of a speaker, positive pole

8 SP1- Class-D amplifier 1st output terminal block for connection of a speaker, negative pole

7 Terminal block of the K1 relay - NC contact, normally closed

6 Terminal block of the K1 relay - CC contact, central contact (contact load max 30V 1.5A)
5 Terminal block of the K1 relay - NO contact, normally open

4 SP2+ Class-D amplifier 2nd output terminal block for connection of a speaker, positive pole
3 SP2- Class-D amplifier 2nd output terminal block for connection of a speaker, negative pole

2GND Terminal block referred to the negative of the system power supply, for the alarm contact
1ING1 Terminal block for the detection of the external alarm contact

To terminals 1 (INP1) and 2 (GND) must only be connected a relay contact or a button free from any
! voltage to prevent permanent damage to the device.

Wall installation with dowels

Use the anchors provided and before fixing to the wall fold the flaps with eyelet not used towards the side walls of the
device.

Stage
P3P e s & Nestrwiovh AnigelifTer { 4

- IGE

Installation on standard DIN rail

Secure the plastic DIN accessory on the back of the device using the 2 flat washers + 2 countersink 2.5x6mm screws
supplied and clip onto a standard DIN rail, fold all the flaps with eyelet towards the side walls of the device.

ADGO0 sipComStage
IP-54P Inferface & Metwosrk Ampilifiar

: . T " TS 27 =
;_ ADSO0 Spbonto @ AD600' SipComStage
1 ,-F.faw.-.uﬂ'ﬂ"“""""* JEMA ‘F-S’Phlfen‘ace&Nelwwk‘mpliﬁﬂ'

Installation support on table or shelf into Rack cabinet

Apply the non-slip rubber feet provided on the bottom surface of the device, fold all flaps with eyelet towards the side walls
of the device.
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8.3. Correct connection of passive speakers

The outputs of the power amplifiers are connected to passive speakers ensuring the polarity but especially to the
load impedance which for each output cannot be lower than 8 Ohms. It must also be respected by the maximum
output power amplifiers using suitable power speakers. In the simplest case just connect a 8 Ohm 5W speaker or
greater for each output of AD611 and a 20W speaker or higher for each of AD612 output. Use cables with different
colors, the section of at least 1,5mm and limit the distance from the amplifier to not more than 30m. Below are

some examples of mixed combinations.

Below are some examples of mixed combinations, to serve a wider area but with distributed power.

AD611/612 terminal block 9 (4)
SP1 (SP2) + positive SP +

Minimum cable section 2x1,6 8 Ohm
mm? (AWG15), ideal 2x2,5 mm? E SW (AD611)
(AWG13), 2 colors or polarized T 20W (AD612)
strip, maximum recommended
distance 30 meters

SP -

AD611/612 terminal block 8 (3)
SP1 (SP2) - negative

SP +

Correspondence cables AWG / mm* ?

AWG20 > 0,518 mm? resistance 33,31 OhnvKm
AWG19 > 0,653 mm? resistance 26,42 Ohm/Km T

AWG18 > 0,823 mm? resistance 20,95 OhnvKm |:
AWG17 > 1,04 mm? resistance 16,61 OhnvKm
AWG16 > 1,31 mm? resistance 13,17 OhnvKm
AWG15 > 1,65 mm? resistance 10,45 OhnvKm
AWG14 >2,08 mm? resistance 8,286 Ohn/Km
AWG13 >2,62 mm? resistance 6,571 Ohm/Km -~

AWG12 >3,31 mm? resistance 5,211 Ohm/Km [
AWG11 >4,17 mm? resistance 4,132 OhnVKm
AWG10 >5,26 mm? resistance 3,277 Ohm/Km Sp -

8 Ohm
5W

8 Ohm
5W

]

4 Ohm
10W

4 Ohm
10W

8 Ohm
5W

8 Ohm
5W
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8.4. Audio lines at constant 100V for long speaker distances

For special applications it is possible to generate a constant voltage 100V-30W audio line using a TEMA AD320/30
transformer to be connected on a power output of the AD612 amplifier. In this way it is possible to install several
speakers with internal 100V transformer and selectable power even at distances of 200 meters from the amplifier.
The total sum of the power of the installed loudspeakers must not exceed the maximum output of the driver power
amplifier, the second output can still be used to drive another 8 Ohm 20W local speaker near the amplifier.

Local loudspeaker
8 Ohm 20W

Minimum cable section 2 x 0,75 mm* (AWG18)
SP1+| [SP1- 2 colors or polarized strip, maximum
' | ll 5 recommended distance 200 meters

; !

el “=AJ M=~J u=~J M=~J
AD612 AD320/30 Eﬁ] [ﬁj r—r’] r—r’]
SIP 2x20W Transformer for
Amplifier 100V-30W line
8 Ohm 8 Ohm 8 Ohm 8 Ohm
1...15W 1...15W 1...15W 1...15W

Both output channels of the AD612 SIP amplifier can be used to create constant 100V audio lines using speakers
with transformer and selectable max load (like models in the Tema catalog shown as an example on the next page)
making sure that the total power to be taken from each branch does not exceed the maximum power of the
amplifier that is 20W per channel.

8 Ohm 8 Ohm 8 Ohm 8 Ohm
1...15W 1...15W 1...15W 1...15W
AD320/30
Transformer for

100V-30W line

Covene

Bl

SP1 + Minimum cable section 2 x 0,75mmq (AWG18)
2 colors or polarized strip, maximum
recommended distance 200 meters

| I| |
=

— o wl bl L
AD612 AD320/30 Er’j r—r’] Er’j r—’r’j
SIP 2x20W Transformer for

Amplifier 100V-30W line
8 Ohm 8 Ohm 8 Ohm 8 Ohm
1...15W 1...15W 1...15W 1...15W
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Some examples of speakers available on Tema catalog

» AD330/15T  Horn Speaker 15W /80hm with transf. 100V, sockets 15/7.5/3.7/1.9 W
A" response 300Hz - 7KHz, Dim. Diam. 210 x 240 mm

b, AD330/25T Horn Speaker 25W / 80hm with transf. 100V, sockets 25/12.5/6.25/3.12 W
N response 300Hz - 7KHz, Dim. Diam. 240 x 290 mm

AD335/06TP  Wall Speaker 6W / 80hm Transf. 100V sockets 6/3/1.5 W
response 180Hz - 16KHz, Dim. 218 x 216 x 120 mm

} AD334/20TP  Vandal proof Projector 20W with transf. 100V, outdoor, sockets 20/10/5 W, IP65
L]) response 150Hz - 15KHz, Dim. Diam. 180 x 145 mm, weight 2.4kg, grey color

' AD337/06TP  Oval wall speaker 6W /80hm with transf. 100V sockets 6/3/1.5W

i} response 180Hz - 10KHz, Dim. 258 x 169 x 72 mm, 0,8Kg

AD333/12TP  Round speaker wall/ceiling flush mounting, 12W with Transformer 12/6/3 W
it response 80Hz - 15KHz, Dim. Diam. 200 x 62 mm (Hole 160-165mm)

AD333/12XTP Round speaker ceiling flush mounting, 12W with Transf. 12/6/3 W
Band 80Hz - 20KHz, Dim. Diam. 220 x 130 mm (Hole 200-205mm)
with flameproof cover AD333/12YC

The speakers listed above are not produced by TEMA, but a selection of the best third-parties
quality producers that are best suited to our production amplifiers and PA analog speaker
systems and IP VoIP SIP for audio LAN. The components offered however fall into the corporate
policies in terms of warranty and technical support.
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9. PROGRAMMING

9.1. Preparation for the system parameters programming

Programming is done via the WEB interface. To gain access, simply connect an Ethernet cable from a PC or from a
switch to the LAN port of AD600.

The default IP address of AD600 is "192.168.0.10".

Remember that in order to successfully connect to the web interface of AD60O, it is necessary that, in the IP
addresses configuration of your PC, is present the subnet 192.168.0.x, where "x" is any number between 1 and
254 and different from 10. See below how to configure your PC to reach the correct subnet. The shown procedure
applies to Windows® operating systems. Open the Windows Control Panel and set the field "View by": "Category”
"Large Icons" or "Small Icons". Choose "Network and Sharing Center" as shown in the first figure, detect your LAN
connection, choosing the one referring to the network card that you are using to connect with AD600.

1 B+ Control Panel » All Control Panel Items + Network and Sharing Center v & | Search Control Panel L2

y View your basic network information and set up connections
Control Panel Home

W Auortay
P o i ) View your active networks
| Change adapter settings
L R Change advanced sharing Brink-Router Access type:  Intemet
Flash Player (32-bit) sellings Public network Connections: herr

Change your networking settings
“WG¥ 5ct up s new connection or network
=
Set up a broadband, dial-up, or VPN cannection; or set up a router or access point.

W Troublashoot problems
= Troubleshoot problem:

HomeGrou
P Diagnose and repair network problems, or get troublesheating infarmation.

Intemet Options

Windows Firewall

Egy Windows Update

Once the correct connection is identified, click on it and it will appear the window where it is necessary to click on
the "Properties” button. It will then open the window where must be selected "Internet Protocol Version 4 (TCP /
IPv4)" and then click the Properties button again. See the following figures:

o Local Area Connecticn Status 4+ Metwork Connecten Mroocrtics ’E o Local Area Connection Status
Genea Networ<ing | Shairg General
Connection Lonnect 11sing® You can get [P settings assigned automatcally if your network supports
Pyt CormerLvisy Mu Inler el avcess ‘-'-.r el 170 asr\etaw;pr?am:f:ll \vﬂ-l.. "0 sk your network a trator
PG Connectvin No metwerk access
oo stes — [ Corfse.._ | :
ia State: nablc: (™ Ot
Ihig connection uzes the tolowirg tems: () Ctain an 1P ackiveas sutomaically
Duraden: 01:03:19 () Lse the folowing 1P addvess:
areed: 1000 M ] 0% iert -or Microsoit Metworks ® = folowing 55
fipeed: HhnE |« A0S Fasket Scheculer IF address: 2. l6E. 0 .11
ide- Sheritg
& {#ic ard Prive Sharing for Merosoht Nefwerks Subnet mask: 355,355,355, 0
<. Irtemet Frotocal Version 5 (TCF/FvE)
ISP irtemet Frotnenl Versinn 3 (1CHARvE) Defauk gateway: |:|
[ -+ Linc-Layer Topelogy Ciecovery Miapper 120 Drver
Activity [# -+ Lin< Layer Topelogy Cizcovery Jsaponder NS sarver address automaticaly
sent .LE‘ Recelved (@) Use the folowing DNS server acdresses:
5 Jninst o
s ey [ |
Tersmizsior Cortral Frolucul/Inter el Prolucel. The delaul T ki
wice zrez netwerk procceal that providea commurication
— - —— N diverse int2rconnected neswerks.
% Properties 1% Disakle Dizgnose serme
(& L= ) _ Dzanose | Aherced..
Cosc oK Cercel [ox ]| concel

If the PC is already on subnet 192.168.0.x with a mask 255.255.255.0, ignore the following steps. Otherwise,
proceed as follows. (The address of the PC configuration should not be 192.168.0.10). Remember the current
TCP/IP configuration of your computer for any subsequent restore of the correct parameters. Click "Use the
following IP address" and type in the appropriate field the following IP address: 192.168.0.11 (instead of "11" used
in the example it is possible to enter any number between 1 and 254, but excluding the 10 which is the default
address of the system to be programmed). In the "Subnet Mask" enter the netmask 255.255.255.0. Click OK to
confirm the changes. The PC is now ready to configure the door phone. Remember at the end of programming to
restore the network configuration of the PC 1o its original state if necessary.

Once the IP address of your PC is successfully configured, it is possible to reach the Web interface to configure
AD600 at the address 192.168.0.10 .
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9.2. Access to programming

To program the device, it is sufficient to use a standard browser such as Explorer, Firefox, Chrome or others.

(]'/\TEMA SIP parameters

on
N

CoNl ION

SIP parameters SIP server address

General parameters o

Call buttons

Relays and Alarms domain
outhound poxy

: local sip port

SIP account
password
expiration (sec)

Ringer group

2° SIP account user

The default address of the device is 192.168.0.10 with a mask of 255.255.255.0, and the user/password with which
to connect are master/master. Make sure to have access to this network segment from your computer. Once
logged in, it is possbile to change the administrative password for the maximum safety of your device. The use is
very simple and intuitive, it is always visible on the left the menu for selecting the functions to be programmed,
while on the right is shown the configuration window that is currently active. Any change will be confirmed by
pressing the "Apply" or "Save" buttons. Closing the browser or changing the page without selecting those buttons
will make lost any change. Any changes do not require restarting the device (except the change of IP address, and
the software update).

9.3. Network parameters

On this page it is possible to set the network parameters, such as IP address, netmask, etc.:

Network and e-mail paramaters

IP address 192.168.0.10
Subnet mask 255.255.255.0
Default gateway 192.168.0.1
Primary DNS server 8.8.8.8
Secondary DNS server

Time sever time.nist.gov

Ping address 192.168.0.56

The default IP address of the device is 192.168.0.10 . Gateway and DNS are only needed if you want the device to
have the ability to access the Internet (for example to get the current date / time, in the example from the site
time.nist.gov).

The changes to the network settings are taken over by the device until the next reboot. Once you have completed
the configuration steps so be sure to reboot the system and if necessary, change the network segment of your
computer so that it can connect to the new address.

» |P address: specify the IP address you want to assign to AD611/612.
»  Subnet mask: indicate the subnet mask to be assigned to AD611/612.
» Default gateway: indicate the gateway that can enable AD611/612 to access to internet.

e Primary and secondary DNS server: indicate the addresses of two DNS servers you want to use to resolve
IP addresses.

» Time server: indicate the address of the server you want to use for time synchronization device.

» Test address (ping): if inserted, this address is used by the system to verify the correct operation of the
network connection.
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9.4. SIP Parameters
Once the network parameters have been set correctly, you must configure the connection with the VolP SIP PBX:

SIP parameters

NOT REGISTERED

SIP server address 192.168.9.56
port 5060
domain 192.168.9.56

outbound proxy 192.168.9.56

SIP account t user 501

» SIP server address: specify the IP address of the SIP PBX to which AD611/612 should connect.

e Port is the port number of the SIP PBX with which AD611/612 must operate. Generally it is the 5060, but
some stations use a different port.

»  Domain: enter the domain to which register the system.

»  Outbound proxy: some PBXs require that the extension number to call is followed by the proxy address. In
most cases this field can be left empty.

e Local SIP port. generally the 5060 port is used, but it is possible to specify a different number (i.e. for
particular routing tables).

» Userpassword: credentials for the registration of the extension (which obviously must have been already
created on the PBX).

»  Expiration: indicates how many seconds the device should check the correct registration of the client.

« 2"? SIP account this account is used for “Night ringer”. It is possible to configure, in the PBX, a ringer
group used in night mode, so if the doorphone is put in the same group, it will play the ringer message
when receiving an incoming call, without answering.

» Password: the second account registration password.

» Volume: it is possible to set the volume used to reproduce the sound of Night Ringer. It is also the volume
used to reproduce the prerecorded announcements.

«  Amplifier: no function on AD610, active the amplifier on the Night Ringer service on AD611 / 612.

» Relay 1: for the entire duration of the call it is possible to keep the relay1 activated. It can be used for
example to turn on a flash, a lamp, etc.

e Relay 2: no function
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9.5. General parameters

In this section it is possible to set parameters for general use, such as call duration, audio volume, tones, ringing
and so on:

General parameters

Conneclion lime 50 isac)
Arswertme for necming cals ] Is=c)
Cennectior and cocmmunication codz
I onitoring code
Celirg speaksr voums 7 09
IVicrophone vo ume 7 .y
Inpu T Fushlo ak 7 106, C=always =ctiva)
Local Hirger volume 4 0.9
Oulgong Avdin sheam coce: C-Z7lL -

#| Tone s gnelirg / 1one velume 2 0.y

Fohur Linilar Threshold 202 0.02..0.10)

Y1 'n eall amph

Apply

« Connection time: once in connection with the extension, the call is torn down anyway after the set time.
Thirty seconds before the end of the call, the system will play a short beep to the user within the company
and repeats the message every 5 seconds. At this stage it is possible to type on the phone inside the
sequence "#5", which forces the connection time to be reloaded from scratch.

» Answer time for incoming calls: when the system is called, it answers after the set time. If set to 0,
responds immediately, if 999 never answers.

» Connection and communication code: when the device receives an incoming call, if this field is
programmed, the audio will not be connected until the user will enter the right connection code.

»  Monitoring code: this feature is not present in this device, leave the field empty.

» Calling speaker volume: sets the sound volume of ads. Possible values range from 0 (very weak) to 9 (very
strong).

»  Microphone volume: this feature is not present in this device.

» Input for Push-to-talk: this feature is not present in this device.

» Ringer volume: sets the volume of the ringer played by the system for incoming calls. Possible values
range from O (mute ringer) to 9 (very strong).

» Outgoing audio stream codec: in the audio stream mode, it is possible to choose the quality of the
transmitted audio, which goes from the G711 (the lowest) to the linear 16 bit 44 kHz (the highest).

» Tone signalling/Tone volume: it is possible to give to the user signalling tones (button pressing, call in
progress, end call), sets the volume of any played signaling tones. Possible values range from 0 (very low)
to 9 (very strong).

»  Echo limiter threshold: this feature is not present in this device.

e In call ampli: indicates whether to activate the audio amplifier during communication. No function on
AD610, available on AD611/612.
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9.6. Relay and alarm input settings

On this page it is possible to choose the operating mode of the internal relay1 (relay 2 is not present) and the
operating mode for external inputs:

Relay and alarm inputs settings
RELAY 1

ALARMS - INPUT SIGNALS

INPUT call Retry  Separation Delay  Imersion Stopcode Amnounce

» Mode: sets the function to be associated to the relay. It is possible to choose between:

1 Electric lock: is activated only upon receiving the activation code.

2 Incall: is activated when a call is in progress and until the door phone does not come back to idle
3 Incall + timer: it activated when a call is in progress and for the activation time

4 Pressure button: you press any key relay is activated for the time set

» PHONE activation: relay activation code to dial from the extension of the PBX (2 characters required), the
code that the operator will use to activate the relay

» Activation time: activation time of the relay

» Close call: by setting this option, the call is immediately hang up when the relay is activated

e Call..: number or IP address of the phone to contact when the alarm condition is triggered.

» Attempts: number of call attempts (max 999)

+ Separation: separation, in seconds, between a call attempt and the other (max 999).

e Delay: it is the minimum time, in seconds, before validating the input. It could be useful, for example, to

mask an open door switch. Supposing the maximum time of a pedestrian gate is 30 seconds, at the end of
this time (if the switch would be still active) an alarm will be send to the reception.

» Inversion: the contact is normally open and the alarm occurs at the closing of the same. Enabling this flag it
is possible to instruct the device to behave in the opposite way (the contact is normally closed and the
alarm occurs at the opening).

» Stop code: code to dial on the phone calling to accept and acknowledge the alarm (max 3 digits).
» Announce: when activating this input, a prerecorded message will be played on the speaker. See
messages management.

In the screenshot are represented up to 6 inputs, but only one is available on this model, other fields have no
function. For each input is assigned a different message that will be played during the call. By default a neutral
message is played ("Alarm 1", "Alarm 2", etc.) but the text can be customized.

9.7. Call buttons
Programming fields not used by the AD611/612 systems.

Call buttons
DAY NIGHT INTERVAL

First number 100 300 300
Second number 200
First number 101 300 300

Second number 201\
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9.8. Messages management

In this window it is possible to change/listen to the messages for “Calling”, “Alarms”, “Announcement” and “Ringer”.
Memory contains a default message for each position, the user can change any of them and the messages format
must be WAV PCM 8 kHz, 16 bit, mono.

Messages
Alarm Message 1 | Sfoglia... | Nessun file selezionato, | upload | [ [ |
2 | Sfoglic... | Nessun file selezionato. | Upload | [ > |
3 [ Sfogla... | Nessun file selezionato. | uplaad | [ > |
4 [ Sfoglie... | Nessun file selezionato. | Upload | [ > |
5 | Sfoglia... | Nessun file selezionate. | upload | [ > |
6 | Sfoglia... | Nessun file selezionato. | Upload | [ [ |
Ann_ Alarm 1 [ Sfoglia... | Nessun file selezionato. | upload | [ [ |
> (Siglon ] Nesom o serste.  [vgiona ) [ -]
3 | Sfoglia... | Nessun file selezionato. | Upload | [ [~ |
4 |_Sfog|>a.u |Nessun file selezionato. i Upload |E\
5 | Sfoglia... | Nessun file selezionato. | Upload | [ = |
6 | Sfoglia... |Nessun file selezionato. |@ |E
Night Ringer (2° Acc.) [ Sfoglic... | Nessun file selezionate. | Upload | [ [> |

“Alarm messages”, one for each input (only the number 1), are reproduced to the called telephone number
configured in the alarm input: when the called answers, the message is played continuously, until the user enters
the stop code or a timeout expires. “SIP Security Info Call” function. The "PA announcement” messages, even in
this case one for each input, are played on local speaker when the check in the alarm programming mask is active.
Messages can be played (one of the 6 available optionally) reaching system using a telephone withtheir activation
code. Finally, the “Night ringer” is played on the local speaker when a call is received on the second SIP account, if
programmed (par. 9.4).

Activation of one of the 6 “alarm announcements” from phone

It is possible to activate the playing of one of 6 messages even during communication. In the "activation code" field
must be programmed the code that is wanted to be used for this function:

Activation code 99 (+announcement number from 1 to 6)

In the example the used code is “99”. Simply, follow the announcement number after this code (from 1 to 6). When
the play starts, the call is hung up (internal extension will be freed). Attention: the message could also be very long,
so if you need to interrupt it for some reason, simply call the system, the message will be stopped to make room for
new communications.

Multicast audio Streaming

By activating this function AD611/612 will listen to the address / port specified, reproducing audio into a possible
digital audio stream received in Multicast in analog mode. This function has a lower priority than the normal
telephone operation of the system (outgoing or incoming calls will block or prevent the reproduction of the audio
stream). It is possible to configure up to 16 multicast addresses, each one with an higher priority than the previous.
In the above example, there are two addresses. The first (..43) could be used to play music at low volume from a
PC. The second (..44) could be an announcement from a special programmed phone for Multicast with an higher
volume. Generally the music is always on but will stop immediately when an announcement from the phone is
received.

/| Enable streaming
# Address Port
1 239.255.12.43 8001 priority <
2 239.255.12.44 W
3
4

[ priority >
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9.9. Automatic Announcements

It is possible to program the diffusion of announcements at pre-set times, which can take place on the local speaker

or streamed to other devices.

time / msg 12:30 [ 1

") Function not active

Monday
Tuesday
Wednesday
Thursday
Friday

Saturday

Sunday

Daily activation:

Automatic announcements

DAILY ACTIVATION
Activate now Stop |

/

/

{

time / msg

/

(s}

PERIODIC ACTIVATION

1@ From table

TIME / ANNUNCEMENT

time { msg

time / msg
/
!

/

time / msg
/
!

/

it is possible to automate the diffusion of a daily announcement (which will take place at the set time) for each day.
It will be reproduced for the number of repetitions, with separation between a message and the other given by the
number of seconds set. It is also possible to manually activate the message (with the "Activate now" button) or stop
playback (with the "Stop" button). If the manual activation mode is only used, it is not necessary to indicate the start

time.

The shown message is one of the 6 alarm announcement messages that can be found in the "Message

Management" section.

Periodic activation from table:

if you activate this function, it is possible to indicate in the table below, for each day of the week, up to five different
times, for each of which it is possible to specify one of the six pre-recorded announcement messages.
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Periodic activation from file:

it is possible to upload a text file in "csv" format (easily editable with "Excel") that contains, for each day of the year,
up to 5 times in which to make the announcement diffusion. To compile the file simply download the default one
already present (and empty), modify it and re-upload it (do not change the written months, are used by the device
to index itself in the document):

Micmsoft Excel - annunci.csv . L ‘.-_ - ‘_ . \"‘:lf|‘ &
;@j File Modifica Visualizza Inserisci  Formato  Strummenti  Dati Finestra 7 D manda.

Dl &% B -« gzvﬁél[ﬂlﬂﬁ% .@ # - Arial 10 |G C 8

Al - e

A | B | € | B | E | F | 6 | H | 1 | 4 | K | L | M | N | O |
250 28 o
251 23
252 30
263 3
254 | set
255 1
256 2
257 | 3
258 4
259 5
260 6
261 709:001 12:30-2  |17:30-3
262 8
263 9
264 10
265| "
266 12
%7 13
268 14

In the example it was indicated that on September 7th (every year) the message 1 should be reproduced at 09.00,
message 2 at 12:30 and message 3 at 17:30 .

NOTET1:

the playback volume, in the case of diffusion on the local speaker, is the one set as the ringer volume in the "SIP
Parameters" programming screen. In the case of streaming playback, the volume is given by the volume of the
multicast channel programmed in reception.

NOTE2:
since the device does not have its own internal clock, the automatic diffusion of messages can take place only if it

is synchronized with a time server (which can be one into the local network or any other on the internet, see the
"Network parameters" ).
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10. MAINTENANCE

10.1. System

System administration

INFO

Serial number

MAC address

Firmware version

License

0000000
00-00-00-00-00-00

[ update |

Sfoglia... | Nessun file selezionato.

Backup and restore

Reset to factory settings

Device reboot

On this page it is possible to check the current firmware version, update software, and backup / restore the system

configuration:

 MAC address: is the physical address assigned to the network interface.

» Firmware version: displays the currently installed version of the program. It is possible to upload a different
version (possibly provided by the technical support of TEMA) using the Browse/Update. Once you've
uploaded the new version, the device must be restarted.

» License: enter in this field the license key to activate any additional services (such as the use of messages

over 16 seconds).

» Backup and restore: it is possible to save the current settings to restore them in case of a programming

error or device replacement.

» Resetto factory settings: all settings are lost and reset to factory defaults. You are prompted to confirm the

operation.

» Device reboot: reboot as if it were taken away and put back power. Useful in case you have not physically
present in front of the device and it needs to restart it. You are prompted to confirm the operation.
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10.2. Login credentials

By default, the user name and password for access to the configuration are master/master (lowercase). It is not
possible to have more than one user (there are not hierarchical levels of programming), but it is possible to change
the login credentials. The password must be entered twice for confirmation.

Password
User master
Password sessee
Confirm [ITTYY]
Apply

Make a note of the new credentials introduced to then re-enter the system !

10.3. Diagnostic logs

To identify small configuration problems, it is possible to activate a diagnostic summary on the activity of the two
VoIP channels of the device. Simply connect via TCP port 9991 with Telnet or a terminal like Hyperterminal. It is
also possible to view the history of activities for each module by clicking "Last log". The log is deleted when it
exceeds the size of about 2 MB.

Activity log

It is possible to check in real time the system activity, simply connecting a socket terminal (like Telnet,
Hyperterminal or Putty) to tcp port number 9991 of the device.

Last activity log Show
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11. PRESENTATION AND USE OF THE "AA Video Console” SOFTWARE

AA-Video Console is an application that comes for free together with the IP audio
devices AD600 and IP Video door systems series AA-500 and AA-600, is used to
monitor and operate from a single location with 16 audio devices and/or IP videophones.
The software is installed on one or more PCs (with no licensing restrictions) with the
operating system from Windows XP® or later. The program allows to see the area
framed by the built-in camera in the IP Intercom devices, to communicate and remotely
operate the relay of managed terminals in the network, all from the same program
window. The PC where AA-Video Console is installed must have a sound card and
equipped with speakers and a microphone. It is possible to display up to 16 scenes/devices simultaneously and
operating with a terminal at once chosen from those in the window. To install the program identify in the supplied
CD-ROM the file "AAVideoConsole/setup.exe".

11.1. Presentation

This is the main program window. In the case of IP AD630 speakers that are not equipped with the camera, the
program shows to the operator the IP speakers available to make announcements from PC. Into the network it is
possible to have more than one PC running AA-Video Console program. The operator chooses the area where
must perform the announcement without having to remember the device number to call (operating mode which is
still available) simply by pressing on the handset symbol present in the box of the desired area.

MAGAZAMO 3 SALARLINIONI ﬁ 1 Ve rSIon
Info
N .
LABORATORIO 1 “ ' ﬁnumnm » ACCGSS to
S P parameter’s
'® configuration
dasle Mo i jabile N3 image avaiable 4
a'g at llllllllllal'lE
CORRIDDIO PRINCIPALE L[] - E
® Displaying text \
: — indicating the
R ' - area that is
a ew r‘a -] .!' wanted to be
L i e mmmm o mmm ) SELECAVERA 8 activated for the
@ announcement

ar'l  ar @

Button for direct dialing to Button for integrated Button for integrated
the system for relay 1 activation in relay 2 activation in
communication or the "GARAGE" zone the "GARAGE" zone

announcement diffusion in
the "GARAGE" zone

Pressing the handset icon, the program establishes connection with the related terminal and the operator will be
able to spread his message by speaking into the microphone connected to the PC.

Changing area is easy, just click on the new desired icon and the connection to the previous announcement is
terminated and it is established another to the other area for the new announcement.
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11.2. Software configuration for SIP Server mode

It is possible that the company owns or installs between the various IP AD630 audio devices also one or more IP
Video Intercoms Tema AA-500 and AA-600 series. These can have the camera that checks and shows in window
live images from the framing area. Therefore the PA system can incorporate the control of corporate access points
with IP video Intercoms whose video streams are displayed in the windows of the AA-Video Console program.

The audio of the conversation with the devices or the voice communication takes place as a normal VolP
communication between two SIP phones. In this case one of the interlocutors will AD630 (or any IP Videophone),
the other is the PC with the "AA Video Console" program.

To make sure that the PC running this program can communicate using AD630 with a user, it is necessary to set
the number assigned to "AA Video Console" for that device. By clicking on the configuration parameters button of
the program, will appear the window shown below. It is possible to configure up to 16 systems. Select the System
tab number to be configured in the AA-Video console and for each one will be the relevant parameters. By
activating the checkmark "Active" from the second system, into the main page of the program will adapt in
amplitude based on the number of active configured systems.

IP address of
your VolP PBX

where the
software will
register
Paddress  [17216.0.88 < ;
Tick to obtain the b
SIP Server mode User D {100 Phone number
— identifier of "AA
Password oo Video Console"
on the PBX
As-Rh0
/Number of the
Doorphone to | 3] 4| Password
be configured 7 Active authentication of
1 "AA Video
- arco 1 Console"
' on the PBX
/Enables the 2
display of the e
gate (required
. 1_/
on the first) Activation tirme Activation time of
relay 1 (lock
\ / Activation time y 1 )
Gate | PoplUpon n:/
description = —~

PupUp during
a call

Activation time of
relay 2 (light)

By customizing each description line for the operators will easily and immediately identify the system on the PC
screen to be activated to perform the voice announcement from the PC microphone.

Extension of the IP address of
device

the device
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11.3. Software configuration for Peer-To-Peer mode

In this configuration mode, the software does not register on a PBX, but makes calls directly to the IP address of
the specified device. So the video stream and the audio of the conversation with the device will take place without
the intervention of the PBX (the two devices doesn’t need to be registered to any existing SIP Server).

In this configuration, one of the interlocutors will be the IP audio terminal or the video intercom, the other is the PC
with the "AA Video Console".

To ensure that a user who is in proximity of the terminal (set up with a call button), can "communicate" through the
terminal itself with this program on the PC, it is necessary to of course set the IP address of the PC in the terminal
parameters (AD630 or AA-500/600). Doing so, after pressing the button, the terminal will forward the call to the IP
address of the PC where the "AA Video Console" software is installed.

i T
o 5 . P — '.:

il Use SIP server
Do not check for\/ o
the Peer-to-Peer Paddress | o
mode Lser|D 100
Fassword 100 |
|
An-RRN r
SR e Rl ] |
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12.Introduction to AA-Video Console APP version for operating systems iOS

Ingresso

AA-Video Console is a free app that can be installed on any Apple iPhone®
smartphone.

The program allows to see the area captured by the built-in camera in all the IP
VolP SIP TEMA Audio and Intercoms, to operate the device relays and to speak
directly with the visitor. The application can be downloaded from the Apple
AppStore, can be easily found typing AAVIDECONSOLE in the search box.

It is possible to configure up to 4 terminals and on your iPhone it will be showed
a live image by the selected system camera (to switch from one system to the
other just scroll on the display): the video streaming is always displayed, even
without communication or calls in progress (continuous video monitor).

Offered services

» Sip calls to the network terminals, launching advertisements on IP SIP speakers

» Operation with both SIP Server and Peer-to-Peer mode

+ Management of the door relay or step marker light (relay 1 and relay 2) even without necessarily being in
communication

* Hands-free audio

» Display of the camera image even when you are not in communication (one Doorphone at a time)

* Up to 4 Doorphones management

12.1. Downloading and installing the app

Like all the iPhone Apps, the installation can take place only through the official store. Inside the appstore, simply
type AAVIDEOCONSOLE in the search box and confirm the installation:

). aavideoconsole (%)

Tema

% AAVideoConsole

TEMA Telecomunic...

fiizzo  172.16.0182
Porta 8081
nnnnn o 445

. BE 0606195

Doorphoned

INFO APPLICAZIONE

Versione:

Configuration

Both the general configuration and the individual Doorphone configuration is done in the "Settings" menu:

&1 o <{—

Home Settings
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You will see the following screen:

SIP SETTINGS
Registration
Sip server

ADVANCED SETTINGS

STUN server

DOORPHONE
Doorphone1
Description Ingresso
AAdArace 172 1R 717

(" t

The first part, "SIP SETTINGS", allows to register your device to a PBX or a SIP provider (necessary if you want to
reach the Doorphone through its extension number). Marking "Registration” you will have access to the account

setup registration (user name, password, etc.). If into the network a SIP PBX is not installed and want to reach the
Doorphone simply by its IP address, leave the check unmarked.

In the "ADVANCED SETTINGS" it is possible to configure any STUN Server (external to the private network) that
allows the application to reach the Doorphone through a firewall.

NOTE: to access the Doorphone from outside the corporate network (ie from the Internet) it is necessary to
program your router / firewall to allow incoming connections to an internal device. For this feature contact your
network administrator (each router / firewall has its own programming that it is not possible to generalize in this
manual).

Configuring Tema IP SIP terminals

It is possible to control with the application up to 4 systems simultaneously.
Also in the settings page is the menu to configure them:

DOORPHONE
Doorphone1
Doorphone2
Doorphone3

Doorphone4

Activating the slider of each Doorphone (or IP audio system), the fields to be configured will appear:

The description appears in the displayed image and is useful to identify the selected DOORPHONE
Doorphone from time to time.

Doorphone1
In the address field you must enter the IP address of the Doorphone. It is used t0  pescription Ingresso
show the camera or to make a call in Peer-to-Peer.

Address 172.16.717
The port number is used internally by the program for the communications, must be  port 8081
8081. ,

Extension 445
The extension number is the number that must be dialed when from the main screen  sN 0628057
is selected the call key. Obviously it makes sense only in SIP registered to the PBX

. . K Doorphone2
Server. In Peer-to-Peer mode this field cannot be filled.

Noornhonel
e
S
Settings

Finally in the field SN you must enter the serial number of the device. For safety reasons, it is needed to enable the
opening keys for relay 1 and relay 2).
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12.2. Using the application

Once the application is activated, it is possible to check the registration status in the "Home" screen. If you see an
"R" in the upper right it means that the application is registered to the SIP PBX.

ingresso

In normal operation, it is displayed the image of the first Doorphone (as mentioned above to switch from one to
another simply scroll the screen). The keys below the displayed image will have impact on the selected terminal:

The first button activates the door relay (number 1). The center button makes the call to the Doorphone (or closes if
it is in progress). The third button activates the relay normally connected to the light step marker (the number 2).

If the program is put into the background (using the "Home" or "Back" button) it is still active and ready to receive
any incoming call (in which case it automatically puts itself in the foreground and is displayed the image of the
terminal that has generated the call).

Exit from the App

Proceed as for any other installed iPhone APP.

13.Introduction to AA-Video Console APP version for ANDROID systems

° ¢ % .4 9> 11:50

Is a free app that can be installed on any Android® smartphone. The program allows to see [P ETI—.
the area captured by the built-in camera in all the IP VolP SIP TEMA Doorphones, to operate
the device relays and to speak directly with the visitor. The application is on the supplied CD
together with the Windows® version (in apk format). It is possible to configure an unlimited
number of terminals and is presented on your Smartphone a live image at that time by the
selected system camera (to switch from one system to just scroll on the display): the video
streaming is always displayed, even without communication or calls in progress (continuous
video monitor).

Offered services

Are the same as the iOS version (see above).

13.1. Downloading and installing the app

Like all the Android Apps, it is possible to install the app without passing from the
store, simply by copying and installing the apk provided in the installation disk. To

Install blocked
transfer the file to your device it is possible to follow two paths:

) . . . : For security, your phone is set
Method 1: send an email to the smartphone with attached aavideconsole.apk file to block installation of apps

(on the CD). Once the email is opened on your smartphone and select the abianed from anknown
attachment, the system will ask whether you want install the application (which sources.

will happen in a few seconds). Probably the operating system will alert the
installation from an unknown source: Cancel ‘ ‘ Settings ’
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You must select the "Settings" button and allow installation:

Device administration Unknown sources

Device administrators

View or disable device administrators. Installing from unknown

sources may be harmful to your
Unknown sources device and personal data. By
tapping OK, you agree that you
Allow installation of apps from sources are solely responsible for any
other than the Play Store. damage to your device or loss
of data that may result from

Verify apps using these applications.
Vv

Block or warn before installing apps v/ Allow initial installation only
that may cause harm.

Security update service Cancel ’ ‘ OK

Method 2: copy aavideconsole.apk directly on the device connected to a computer via the USB cable normally
supplied with the phone (from "My Computer" the phone is seen like a normal pen drive).

After copying the file you just select it on the phone and confirm the installation (in this case it will also be
necessary to authorize the installation from unknown sources).
Configuration

First, from the application menu, the general configuration must be done:

Add a Doorphoni

Remove a Doorphone

Modify a Doorphone

Then click "Settings™:

The first part, "SIP SETTINGS", allows to register your device to a PBX or a SIP - %ETT'bfGS
provider (necessary if you want to reach the device through its extension  Registration
number). Marking "Registration" you will have access to the account setup ~ Freblesipserver
registration (user name, password, etc.). User name

User name of the account

Ky

If into the network a SIP PBX is not installed and want to reach the device simply . ccword
by its IP address, leave the check unmarked. Password for registration

SIP server
IP address or URL of sip server

In the "ADVANCED SETTINGS" it is possible to configure any STUN Server
(external to the private network) that allows the application to reach the device

through a firewall ADVANCED SETTINGS

STUN server

Address of an optionally STUN server

NOTE: to access the device from outside the corporate network (ie from the Internet) it is necessary to program
your router / firewall to allow incoming connections to an internal device. For this feature contact your network
administrator (each router / firewall has its own programming that it is not possible to generalize in this manual).
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Adding Tema IP SIP Terminals
It is possible to add in configuration as many terminals you want. Into the main
screen of course it is always presented one at a time. i

To switch from one system to the other just slide your finger horizontally on the |
application display. By choosing "Add a Doorphone" you will see the following 1P address
screen:

Por Extension
The description appears in the displayed image and is useful to identify the t b
selected terminal from time to time.
SN
In the address field you must enter the IP address of the terminal. It is used to
show the camera or to make a call in Peer-to-Peer.
Ok  Cancel

The port number is used internally by the program for the communications. If
left blank, it will be automatically filled with the default (8081).

The extension number is the number that must be dialed when from the main screen is selected the call key.
Obviously it makes sense only in SIP registered to the PBX Server. In Peer-to-Peer mode this field cannot be filled.

Finally in the field SN you must enter the serial number of the device. For safety reasons, it is needed to enable the
opening keys for relay 1 and relay 2).

Edit / delete terminals

This feature of course allows to change the configuration of a terminal or to delete an  Casa

inserted one. Simply select from the list the one that you want to edit or delete: = g’»““" Siooncles
Labo
Any changes must be confirmed with the "OK" button. The button "Cancel" or "Back" Bl R
does not save, useful in case of mistakes. Ingresso
172.16.7.17 / 500 SN: 0628057
Ok  Cancel

13.2. Using the application

Once that the application was activated, it is possible to check into the "Info" screen, in addition to the program
version, the registration status:

(T

Version: 1.0.0

Registered: Yes

Ok
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In normal operation, it is displayed the image of the first Doorphone (as mentioned above to switch from one to
another simply scroll the screen). The keys below the displayed image will have impact on the selected Doorphone:

The first button activates the door relay (number 1). The center button makes the call to the Doorphone (or closes if
it is in progress). The third button activates the relay normally connected to the light step marker (the number 2).

If the program is put into the background (using the "Home" or "Back" button) it is still active and ready to receive
any incoming call (in which case it automatically puts itself in the foreground and is displayed the image of the
Doorphone that has generated the call).

On the taskbar, the program icon will appear, indicating that it is running in the background:

O

|

o Tema AA VideoConsole

To restore the application in the foreground is therefore sufficient to select it from the toolbar:

1 1 57 Thu, 3 November 'n'
 ©® % O

Screen

: Bluetooth
rotation

GPS

Exit from the App

To end the application, as seen, do not use the "Back" button (like most of the app). To close the program, the
"Exit" button must explicitly be selected from the main menu:

About
Exit

Settings

Add a Doorphone

Remove a Doorphone

Modify a Doorphone
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14. APPENDIXES
14.1. Appendix 1: Other examples of Multicast Audio Streaming applications

As described above, in a LAN network the Multicast term refers to the possibility to distribute informations like data,
audio or video, to a group of IP terminals of the Ethernet network. For multicast are used Class D addresses that
range from 224.x.x.x up to 239.x.x.x. The AD600 systems, in addition to the classic functions previously described
in this manual, are able to receive audio in Multicast in the specific IP channel (up to 5 channels) and play it on your
speaker. Audio can be generated by a PC software application (for example the free VLC application), from a SIP
IP phone or from a TEMA intercom of AA-500 IP series.

It is in fact possible to program each button of the AA-500 IP system for immediately audio sent picked up by his
microphone, the received audio stream is played without the intervention of any operator, this function is useful for
playing messages and information or emergency announcements (also called "Paging" mode). Any SIP phone that
has programmable function keys for Multicast calls can be used.

Audio streaming using multicast is unidirectional, in the sense that the audio stream is sent from the source (such
as a phone) to the destination (AD600 Modules) but not vice versa.

The audio stream can be simultaneously sent to multiple terminals that all have the same IP Multicast address, or
to distinct terminals (each has its own IP address).

The audio supported by this mode must be in G.711 format (aLaw or pLaw).

Example of general call in Multicast: The diagram below shows a system where there are 4 devices of the
ADG600 series connected to the network switch. From a preset telephone it is possible to make a multicast call and
launch a voice announcement to the address 239.255.12.42. All the systems are configured with the same
multicast address, and then all will reproduce the outgoing audio message.

This function does not affect the normal operation of the AD600 device since the multicast audio is received in a
separate channel. At the end of the Multicast announcement, the normal functions are restored.

The use of a PoE (Power over Ethernet) Switch allows to feed the AD600 systems on the same network UTP
cable, in this case external power supplies are not needed because the AD600 series systems are compatible with
the PoE (Power over Ethernet) standard.

® *e Tema AA-540IP Intercom with ]
Y one of the buttons programmed
7 for sending audio in multicast to
| —
r—n

the address 239.255.12.42

LAN Switch

SIP  Phone designed to (PoE)
generate  Multicast audio

streaming calls. Example

Grandstream GXP2130 or 2 | [
Ee);szdg)? \fr\;gkr]]snd';it fugﬁhoz : AD600 terminals configured to
. . | receive Multicast channels.
different multicast channels.  Multicast address for all
N 239.255.12.42
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Sending Multicast ads to groups (zones) of AD600 terminals

In the plant of the diagram are present 5 AD600 series modules configured into three different groups.
Group 1: AD600 N. 1-2 with IP address 239.255.12.42
Group 2: AD600 N. 3-4 with IP address 239.255.12.43
Group 3: AD612 N.5  with IP address 239.255.12.44

In SIP telephone, suitable for multicast services, are programmed 3 function keys with the IP address of the
groups (zones) configured so that each function button can send a multicast announcement on associated group.
While the AD600 of the groups 1-2 can drive one 2W speaker, the device N.5 AD612 model integrated a 40W
audio amplifier on 2 20W each separate outputs for driving passive speakers or horns in noisy areas or where it is
necessaru an high diffusion volume.

It is also possible to use the Tema AA-500 Intercom to generate calls on Multicast channels by appropriately
programming the system keys: holding a key the microphone audio is sent to the programmed Multicast IP
address. For further needs of groups (zones) it is possible to add a buttons expansion module in the case of AA-
540 or a expansion console of the function keys (DDS) in the case of using a SIP telephone.

Each group can have an unlimited number of AD600 devices according to the sound needs in the served area. The
number of groups is expandable up to 10. By request the groups can be further expanded.

The 5 multicast channels in AD63x systems have configurable priority levels, so it is possible to reserve the highest
priority channel with a dedicated IP address in order to reserve it for the general call on all AD63x or to create
combinations of Zones for ads areas.

AA-540: button 1 programmed for

Multicast sending to the address AD600 n. 1-2 i gy
239.255.12.42 (1st group n.1-2) multicast address |&
and button 2 to the address 239.255.12.42 1
239.255.12.43 (2nd group n.3-4).
| | - 7
AA-540 AA-506P :
e o ® ° I
4y O /
7 — E
O E[‘_'—_D > -’ AD600 n. 3-4
o T multicast address
239.255.12.43
I O -

With the AA-506P
module 8  additional
buttons it is possible to
expand the selection of
groups.

Passive
9 loudspeakers
8-16 Ohm
Total Power
40W
(2x20W)

SIP  Phone designed to
generate Multicast audo W TTTTTTTTTToOOC
streaming calls. Example n 4
Grandstream GXP2130 or

GXP2140 with 4 function

keys for transmit on 4 S
different multicast channels.

AD612 module SIP amplifier version
with  max 40W audio power and
external power supply AA-39E3
230Vca/24Vdc-1,5A
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14.2. Appendix 2: Use of the VLC Media Player software as a Multicast Encoder for audio files

With the free VLC sofware downloadable from http://www.videolan.org/vic/index.it.html it is possible to turn your
Windows PC into an Encoder generator on a multicast IP address that can play a recorded audio file In WAV
format 8KHz-16 Bit mono. A file of any duration can be an announcement or a music compilation to be transmitted
as a background to all AD600 listening systems on one or more multicast transmission reserved addresses. To do

this, follow these steps:

1. Download the VLC program and install it on your Windows PC, the folder where the VLC program is installed is
located under C:/programmi (x86)/VideoLAN/

= audiomuitiway - Lettore multimediale VLC

s

| mMedia Riproduzione Audic Video Sottotitclo  Strumenti Visualizza  Aiute

00:02

(] [em)om] =) (=) o il

2. Record a WAV 8KHz-16Bit Mono audio file and copy it into the VideoLAN folder.

3. Create a file named "example.bat" as shown in the figure by entering the name of your audio file instead of the
one shown in the figure (audiomulti.wav). A copy of the generic "example.bat" file that it is possible to edit is into
the supplied CD.

Replace this text with the desired multicast IP

address, or keep the address shown and
configure it on AD600 devices

Replace this text with the name of your WAV
audio file recorded at 8KHz-16Bit Mono

m CAWind mﬁsyxbemEic&ﬁ;e-i

C:vProgram Files (x862>\UideoLANULC>ule audiomulti.wav —zsout H#transcode{acodec=}
alaw.ab=64.scale=1.channels=1,ar=80060% rtpidst=237.255.12 .45, port—audio=86061% |

4. Replace in the "example.bat" file the shown address (239.255.12.45) with the Multicast address where you want
to stream audio, AD600 devices that have to play audio streaming must have set the same receive address on
the programming page reserved for multicast. The address shown in the example example file "example.bat" is
already a reserved multicast address and can be used in your application.

5. Leave unchanged as above all the rest of the string of the file "example.bat".

6. When you want to stream over the Multicast channel, double-click on the file "example.bat", the VLC program
will automatically opened and the contents of your "xxx.wav" file will be transmitted to all devices AD600 that will

play it on the loudspeakers.

7. To pause the streaming, click the Pause button VLC (appears instead of the PLAY button). To end the
streaming, close the VLC program.

It is possible to create several "xxx.wav", "xxx1.wav" audio files, which can be linked to as many as "example.bat",
"examplel.bat" files, and then launch the announcement and/or music from time to time to stream audio to a
specific multicast IP address.

For more information on the VLC program, please refer to the manufacturer program guide.
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14.3. Appendix 3: Use of the AUDACITY software for audio files recording

For recording your audio files, it is possible to use one of the free softwares such as AUDACITY downloadable for
free from the link http://www.audacityteam.org/ remembering to record and save audio files in WAV format at
8KHz-16Bit Mono, other audio file formats will not work with the AD600 series devices. Below there are some
informations about basic operations. For more information on the AUDACITY program, please refer to the
manufacturer program guide.

Proceed as follows to record a message from the built-in microphone or connected to the PC.

1. Select the 8,000Hz sampling rate, click Start Recording and start talking.

2. To end the recording, click on Stop recording, listen to the recorded audio, and then repeat recording if not
optimal. To delete the previous recording, simply select the audio track (crawl from start to finish), press the
"Delete" button and repeat the recording. With this procedure it is also possible to delete small parts of silence
or sound inside the track.

3. To save the recording click on "File", "Export Audio", give a name and select in the "WAV (Microsoft) 16-bit
PCM format" drop-down list. The saved file is ready to be used on all devices in the AD600 series or used with
the VLC program (see previous appendix) to be sent as Multicast audio streaming.

The AUDACITY software allows a large number of audio signal processing such as: amplification/reduction of
audio levels, duplication of track parts, elimination of silences, insertion of DTMF tones or tones, noise reduction,
etc. For optimal use please refer to the product manual.

NOTE: TEMA provides you with its own internal recording studio for the creation of professional prompts
with multilingual speakers from texts on customer specifications.

Microphone Recording Recording Select Scale in seconds of
level stop start 1 (Mono) recording time
adjustment channel
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14.4. Appendix 4: Cabling of a UTP RJ45 network cable according to the standard EIA568B

Connector Pin 1 Pin Signal Connector 1 Connector 2
1 TX+ White/Orange White/Orange
Pin 8 2 TX- Orange Orange
3 RX+ White/Green Bianco/Green
4 PoE- Blue Blue
5 PoE- White/Blue White/Blue
6 RX- Green Green
7 PoE+ White/Brown White/Brown
8 PoE+ Brown Brown
NB: if the cable colors are different, the right matches must be
maintained.

» Cut the sheath (about one centimeter) to discover the wires.

» To facilitate the process it is possible, by exploiting the elasticity of the sheath, to pull the wires some
additional millimeter. (Hold with one hand the wires and with the other pull the smoothing sheath).

« Straighten the wires previously individually pair twisted.

« Compose the color sequence following the pattern.

* Level the length of the cables into place.

» Insert the tightened wires into RJ45 connector holding them between your fingers until they are channeled
into the guides inside the connector itself.

» Push well until the wires will touch the bottom of the connector (check in transparency that all the wires are

in place).

» Make sure that the sheath has penetrated into the connector for at least 8 mm so that it can also be
crimped.

* Place the connector in the crimping tool and tighten all the way. Should be audible a click caused by the
outer stop.

* Repeat exactly all the above steps to crimp the cable on the other side.
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Notes
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